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FRIDAY MORNING, 19 MARCH 1999 POSTER GALLERY, 8:00 A.M. TO 12:00 NOO

Posters from various technical sessions remain on display in the Poster Gallery.
Posters from sessions which contain both lecture and poster presentations will be attended by the authors as listed below.

10:00–12:00

3pAO7 Preisig, James C. The experimental demonstration of selective mode excitation in a shallow water environment

3pAO8 Naugolnykh, Konstantin A. Model of acoustic monitoring of heat and mass transport in Fram Strait

3pAO9 Heaney, Kevin D. Internal wave inversions for 1 year of Pioneer-Hawaii ATOC transmissions

3pAO10 Sagen, Hanne AMOC: Preliminary results

3pAO11 Kalyuzhnyi, Alexander Ya. Method of the main informative components for acoustic tomography

3pAO12 Kindler, Detlef An ocean acoustic tomography experiment in the Central Labrador Sea-first results

4aUW8 Lubniewski, Zbigniew The modeling of acoustic wave scattering on fractal seabed surface

4aUW9 Schmitt, Francoise Wave scattering in underwater acoustics

4aUW10 Johannessen, Ola M. The effect of grease ice formation on ambient noise

4aUW11 Rabu, Guy Scattering and reflexion of sound by random rough surfaces

4pAO12 Schneider, Patrick Generalized additive models for classifying sea-bottom types

4pAO13 Semenov, Andrew G. Bottom layers structure influence on ocean shelf water low frequency source sound field nu

modeling

4pPAa13 Zannin, Paulo H. T. ~Invited! Some aspects of scattering calculation using the source simulation technique

4pPAa14 Zoltogorski, Bronislaw Numerical modeling of axisymmetric sources in infinite baffle

4pUW13 Lopes, Joseph L. High frequency acoustic propagation measurements in coastal areas

4pUW14 Li, Fenghua Normal mode propagating rapid range-dependent shallow water

4pUW15 Gawrysiak, Jacek Analysis of active hydroacoustic systems parameters versus conditions of sound propagation

water

4pUW16 Gurbatov, Sergei On the horizontal structure of a field in separate modes radiated by a parametric antenna in

nonuniform acoustic waveguides

4pUW17 Borodina, Elena Effect of seismic waves on the acoustic field interference structure in the shallow sea

5pSAb8 St. Deus, Dr. Test of various sound transducer systems for the use in ANC-systems and several application

ANC-system NANCY®.

Also, the following poster sessions are scheduled:

Poster Session 5aAB

Poster Session 5aMUb~in room Ma141!

Poster Session 5aPPb

Poster Session 5aPPc
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FRIDAY MORNING, 19 MARCH 1999 ROOM H3010, 7:55 A.M. TO 12:20 P.M

Session 5aAA

Architectural Acoustics: Building Acoustics II: Reverberation, Absorption, and Scattering

Alfred C. C. Warnock, Cochair
National Research Council, Bldg. M39, Montreal Road, Ottawa, Ontario K1A OR6, Canada

Sten Ljunggren, Cochair
Department of Building Technology, KTH, Brinellva¨gen 34, S-100 44 Stockholm, Sweden

Chair’s Introduction—7:55
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8:00

5aAA1. The anecoicity phenomenon in a live room. Higini Arau
~Estudi Acustica. H. Arau. Trav. de Dalt, 118 Barcelona 08024, Spain!

The radius of reverberation must be obtained by iteration of the
lowing equation: Q/r 25312(T/V)e20.04r /T. The phenomena of the
anecoicity are noticed when the radius of the reverberation does not
because the sound direct curve never intercepts the sound reverb
curve; because of that the sound reverberant field is not a constant,
was assumed in the classical formulation. In this case it is known@M.
Barron and L. J. Lee, J. Acoust. Soc. Am.84, 618–628~1988!# that the
reverberant function is dependent on the distance through an expon
function. Therefore a minimum distance of reverberation will exist amo
both curves, which are very near. This distance is obtained by finding
minimum of the function:e0.04r /T/r 25312T/QV. This minimum distance
is r min550T. Also, a minimum directivity factor of the source is dete
mined, includingr min : Qm5105 561.5209T3/V. This Q@m# expresses
the minimum directivity factor, for a determinatedT andV, that must have
the sound source because the sound direct field never intercepts the
berant sound field. With this it will be possible to establish a direct dia
source-receptor without the liveness of the room being damaged.

8:20

5aAA2. Orthogonal acoustical factors of sound fields in a bamboo
forest. Hiroyuki Sakai ~Grad. School of Sci. and Technol., Kobe Univ
Rokkodai, Nada, Kobe, 657-8501, Japan!, Shozo Shibata~Kyoto Univ.,
Sakyo, Kyoto, 606-8224 Japan!, and Yoichi Ando ~Kobe Univ.,
Rokkodai, Nada, Kobe, 657-8501 Japan!

In order to discuss acoustical quality of sound fields in a bam
forest, acoustical measurements were conducted for orthogonal acou
factors of a sound field. Results at a distance of 40 m from the so
show that the IACC was 0.16 at 2 kHz. This value is smaller than tha
the forest previously investigated@Sakai, Sato, and Ando, J. Acoust. So
Am. 104, 1491–1497~1998!#. The measured subsequent reverberat
time Tsub was about 1.5 s in the frequency range above 1 kHz. Fo
certain music source with a higher frequency component, therefore,
found that sound fields in the bamboo forest have excellent acoustic p
erties.

8:40

5aAA3. A refined room acoustical simulation algorithm based on free
path distribution. Oliver Schmitz ~Inst. of Tech. Acoust., Tech. Univ
Aachen, Templergraben 55, 52056 Aachen, Germa
osc@akustik.rwth-aachen.de!

Eyring’s or Sabine’s formula gives good results in rooms with a d
fuse field. However, when long, flat, or coupled rooms, for example,
investigated, these formulas do not describe the decay correctly. The
has its reason in the assumption of an exponential decay with just
1315 J. Acoust. Soc. Am., Vol. 105, No. 2, Pt. 2, February 1999
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exponential coefficient calculated from the mean free path length and
averaged absorption coefficient. A new approach to calculate decay cu
and reverberation time, already introduced by Vorla¨nder @‘‘A fast room
acoustical algorithm based on free path distribution’’ ICA 98# has been
further refined. This method uses statistical results obtained by a sh
ray-tracing simulation. Free path length and absorption coefficient are
tistically recorded for each reflection during this simulation. The record
data represent the geometry of the room under investigation. In the n
step several processes, each defined by an exponential function, are
erated using this information, which are superposed to give a better
proximation for the decay curve of the room. Some additional steps m
be introduced to these processes to give reasonable results. This le
will present the refined algorithm and some results.

9:00

5aAA4. Performing room surfaces’ effects on the acoustical condition
distributions. Aye Erdem Aknesil ~Yildiz Tech. Univ., Faculty of
Architecture, Yildiz-Besikta, Istanbul, Turkey!

To obtain suitable acoustic conditions for the important rooms fro
the room acoustics point of view, some parameters have to be evalua
For example, reaching the acceptable reverberation time limits, not
place of surfaces but the total absorbtion, has an important role accord
to the size of surfaces and absorbability. On the other hand, while des
ing the first reflections or avoiding the constitution of acoustical defec
like echo, the place of the suitable surfaces is important. When consid
ing the importance of the distribution of acoustical conditions, the que
tion is posed of how the surface affects this matter. In line with th
observation, the aim of this study is to find the effects of the surfac
according their ratios.

9:20

5aAA5. Reverberation in rectangular long enclosures with diffusely
reflecting boundaries. Jian Kang ~The Martin Ctr., Cambridge Univ., 6
Chaucer Rd., Cambridge CB2 2EB, UK, jk10021@hermes.cam.ac.uk!

Based on the technique of radiosity, a computer model has been
veloped for calculating acoustic indices in rectangular enclosures w
diffusely reflecting boundaries. The model divides every boundary into
number of patches and replaces patches and receivers with nodes
network. The energy moving between nodes depends on the form fa
between pairs of patches. For a cube, there is good agreement betwee
model result and classical theories, which can be regarded as a valida
of the model. Computations for long enclosures show that~1! with the
increase of source–receiver distance the RT30 increases continuously
the early decay time~EDT! increases rapidly until it reaches maximum
and then decreases slowly—correspondingly, the decay curves are
cave in the near field and then become convex.~2! Air absorption has
greater effect on both reverberation and sound attenuation along the le
than that with geometrically reflecting boundaries@J. Kang, Acust./acta
1315Joint Meeting: ASA/EAA/DEGA
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acust.82, 509–516~1996!#. ~3! With a constant cross-sectional size, r
verberation time reaches a maximum as the aspect ratio tends to 1~4!
With a given amount of absorption, reverbation can vary considera
with various absorption distributions in a cross section.@Work supported
by Lloyd Foundation.#

9:40

5aAA6. The genetic algorithms for the optimization of distributed
loudspeaker systems. Corinne Fillol and Claude P. Legros~LAUTM,
Universite Toulouse le Mirail, 31058 Toulouse Cedex, Fran
legros@univ-tlse2.fr!

In reverberant and highly noisy environments, public address syst
are often used in order to improve the speech intelligibility. Neverthel
a number of common problems are generally encountered with suc
stallations. Too many distributed loudspeaker systems suffer an inap
priate utilization of loudspeakers which leads to an excessive excitatio
reverberant field and a poor audience coverage decreasing the intelli
ity. Two rules of thumb have been well formulated to optimize uniform
of audience coverage, but both of them did not take in account the e
sion of the loudspeaker in its acoustic environment. Too many so
systems, in factories and public spaces, are therefore ineffective an
not respect the safety standards. Nowadays, it is possible to predic
acoustic performance and to simulate the radiation of a sound syste
space by the means of geometric approach. The utilization of such a
gram with natural algorithms allows the optimization of the positioni
and the number of loudspeakers by considering the acoustic characte
of the room and sources. The performance of this method is applied in
case of choosing a best configuration from 16 possible loudspeaker
tions in a classroom in order to obtain an optimum speech intelligibi
and allow a smaller cost of renovation.

10:00–10:20 Break

10:20

5aAA7. A Helmholtz resonator with elongated orifice. Rolf T.
Randeberg, Ulf R. Kristiansen, and Tor E. Vigran~Acoust. Group,
Norwegian Univ. of Sci. and Technol., N-7034 Trondheim, Norwa
randeber@tele.ntnu.no!

For panel absorbers there is an increasing trend toward a desig
utilizing fibrous components. For the distributed Helmholtz type of re
nator absorbers, the challenge is to increase the natural losses, maki
absorbers reasonably broadbanded. In this paper a new type of distri
resonators is investigated. Using a double-plate construction, the reso
necks have been substantially elongated in the lateral direction, while
widths have been kept small. Thus the viscous losses in the reso
necks have been increased compared to traditional resonators. Mea
ments are compared with a theoretical model using analytic solutions
the slit impedances, the end corrections, and the resistance of the inne
outer surfaces. For the volume between the plates, a finite-difference
proach is used. The results show a high dependency on the plate se
tion, and to attain high absorption over a broad frequency range,
separation should be on the order of one boundary layer.

10:40

5aAA8. A seamless absorbing ceiling with a smooth surface: A´ lvaro.
Daniel E. Commins ~commins acoustics workshop, 15 rue Lauren
F-75020 Paris, France and 350 Fifth Ave., New York, NY 1011
comminsacoustics@compuserve.com! and Frank H. Wilhelmi
~Wilhelmi Werke A. G., D-35633 Lahnau, Germany!

The use of absorbing ceilings is generalized. Contemporary arch
ture, in many cases, does not relish the use of ‘‘classical’’ absorb
ceilings of the perforated or slit type. Some manufacturers have devel
smooth absorbing ceilings that can cover large areas without seams.
today, the finish of these ceilings was unacceptable wherever a perf
smooth surface was required. Improving on existing technology has le
a new type of ceiling: its surface is quite similar to a stucco or plasterbo
1316 J. Acoust. Soc. Am., Vol. 105, No. 2, Pt. 2, February 1999
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finish, but its absorption coefficient is of the order of 0.5 over the fu
frequency range. The quality of the finished surface depends on the ma
rial itself and the quality of construction. Examples will be shown. In
addition, this new type of ceiling has been mixed with other materials su
as stucco, wood, fiberglass, and even loudspeakers. It has been shown
full-size test model that it is possible to apply the same finish to all the
materials, thus making the transition between the various components
visible. The absorptive and reflective parts of a wall or ceiling becom
undistinguishable. This ceiling has been named A´ lvaro since it was devel-
oped with the active input of Architect A´ lvaro Siza.

11:00

5aAA9. Effect of plate vibration on sound absorption of the micro-
perforated elastic plate. Manabu Tanaka ~Bldg. Res. Corp., Osaka,
5650873 Japan, czu14202@nifty.ne.jp! and Daiji Takahashi ~Kyoto
Univ., Kyoto, 6068317 Japan!

Perforated plates have long been used as sound absorbers, and m
studies have been done on their acoustic characteristics. In these stud
the effect of plate vibration caused by the incident sound wave is n
glected. This is reasonable for the perforated plate of ordinal design@D.
Takahashi, Appl. Acoust.51 ~1997!#. However, if the ratio of perforation
decreases, e.g., in case of the micro-perforated plate, the effect of p
vibration is considered to be distinct, because the flow resistance of
plate is relatively large in this case. In this study, a new theoretical mod
for predicting the acoustic characteristics of the micro-perforated elas
plate ~MPEP! is presented. This model includes the effect of plate vibra
tion caused by the pressure difference between both surfaces of the p
Numerical experiments are also carried out with this model. From th
results, it may be said that the plate vibration occurs when the surfa
porosity of the perforated plate is roughly under 1%. This model can
applied to the perforated plates of any flow resistance, i.e., from the or
narily perforated plate to nonperforated plate throughout.

11:20

5aAA10. Simplified calculus to estimate the acoustical absorption of
nonplanar materials. Jaime Pfretzschner, Francisco Simon, Rosa M
Rodriguez, and Carlos de la Colina~Inst. de Acustica~CSIC!, Serrano
144, 28006 Madrid, Spain!

The absorption curve, in function of the frequency, in hard-backe
layers of granular materials, shows undesirable series of maxima a
minima related to the layer deep. In order to increase the efficiency
these absorbing materials, it is necessary to smooth their frequency
sponse curve. It is obvious that one of the easiest solutions consists
modifying the layer surface with selected profiles~e.g., wedges!. For these
situations, a simplified method of analytical calculus for the valuation o
the absorption, in function of the frequency, has been developed. T
validity of the theoretical approximations has been checked against exp
mental measurements in different test samples by means of a stand
wave tube. Additionally, the application of this study to the design o
absorbent acoustic noise screens, against traffic noise, made with recy
rubber crumbs of tires, is also presented.@Work supported by a LIFE
project.#

11:40

5aAA11. Reflection and diffraction in room-acoustic modeling. Jan
Baan and Diemer de Vries~Lab. of Acoust. Imaging and Sound Control,
Delft Univ. of Technol., Delft, The Netherlands!

Many programs for room-acoustic modeling are based on the mirr
image source concept. This way, only specular reflections are taken i
account such that the resulting wave field is incomplete. Nonspecular
flections, or diffraction phenomena, can be added using an algorith
based on Pierce’s theory. Then, the true wave field is significantly bet
approximated. However, comparison of both results reveals that, avera
over time and space, the energy is equal in both cases: the added diff
tion field so strongly interferes with~i.e., is so strongly correlated with!
the specular reflections that no energy is added. This intuitively surprisi
1316Joint Meeting: ASA/EAA/DEGA
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result can be argued with a thought experiment. In this context, taking
account that acoustic perception is described with energetic criteria~clar-
ity, definition, lateral energy fraction, etc.!, it should be critically recon-
sidered as to how far the physically incomplete mirror image source
grams are adequate for the prediction of the global acoustic quality
hall.

12:00

5aAA12. Absorption and scattering characteristics of a modified
Schroeder diffuser. Antti Jarvinen, Lauri Savioja~Lab. of Acoust. and
Audio Signal Processing, Helsinki Univ. of Technol., P.O. Box 300
FIN-02015 HUT, Finland, Antti.Jarvinen@hut.fi!, and Kaarina Melkas
~Nokia Res. Ctr., FIN-33721 Tampere, Finland!

The modified Schroeder diffuser was presented in an earlier study@A.
Jarvinenet al., J. Acoust. Soc. Am.103, 3065~A! ~1998!#. Results from
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the simulations with various numerical techniques were also reported. T
developed structure is simpler than the traditional Schroeder diffusers
the total volume of the diffuser is utilized. The acoustical properties of t
structure are studied further and optimized for different application
Three-dimensional numerical simulations using boundary and fini
element methods and finite-difference time domain method are used
results are verified with scattering and absorption measurements. In a
tion to the previous study, simulations include structural coupling. Th
opens up new possibilities for adjusting the structure for different purpo
such as broadband absorber. The low-frequency absorption effect@H. Kut-
truff, Appl. Acoust. 42, 215–231~1994!# can be taken into account by
including the acoustical properties of the materials into calculations. F
thermore, this type of construction is applicable as a modular acou
panel. The advantages of the modified diffuser construction are shown
comparison to traditional designs with similar acoustic characteristics.
Contributed Posters

These posters will be on display in the Poster Gallery from Monday to Wednesday, 15–17 March. Authors will be at their posters
from 10:00 a.m. to 12:00 noon on Wednesday, 17 March.
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5aAA13. High-frequency asymptotics and random matrix theory in
reverberant rooms. Olivier Legrand and Fabrice Mortessagn
~Laboratoire de Physique de la Matie`re Condense´e, UMR CNRS-UNSA
6622, Parc Valrose, 06108 Nice Cedex 2, France!

It is now recognized that in the low-frequency range below Schro
er’s cutoff a modal approach of the spectral fluctuations in a reverbe
room is appropriate. Indeed, in his experimental study of the modal
quencies in a reverberation room, Davy@J. L. Davy, Proc. Inter-Noise,
159–164~1990!# confirmed that the level repulsion is in good accord w
the predictions of the Wigner–Dyson’s random matrix Theory~RMT!. In
Quantum Chaologymany works have tried to understand the link betwe
the observed spectral statistics of wave cavities which are known to
chaotic in the limit of rays and the statistics of eigenvalues of rand
matrices. Here this matter is addressed in the context of room acousti
considering an asymptotic representation of the response in chaotic r
in terms of periodic rays. Various results are established concerning
versal aspects of the spectral fluctuations recovering predictions of R
both in the moderate and large modal overlap regimes@O. Legrand and F.
Mortessagne, Acustica–acta acustica82 ~Suppl. 1!, S150 ~1996!#. The
results are illustrated in a two-dimensional chaotic enclosure using a s
classical Green’s function formalism@F. Mortessagne and O. Legrand
Acustica–acta acustica82 ~Suppl. 1!, S152~1996!#.

5aAA14. Mode counts for rooms and waveguides. Christopher L.
Morfey, Matthew C. M. Wright, and Seong-Ho Yoon~Inst. of Sound and
Vib. Res., Univ. of Southampton, Southampton SO17 1BJ, UK!

The density of modes in a room~3D! or waveguide cross section~2D!

is known to be approximated at high frequencies by expressions invol
room volume and surface area, or~in 2D! the area and perimeter of th
waveguide cross section. Deviations of the actual mode count from
smoothed approximation are studied numerically and analytically,
simple shapes: rectangular~2D and 3D!, and annular~2D!. Periodic clus-
tering of eigenvalues, associated with cyclic rays@R. Balian and C. Bloch,
Ann. Phys.69, 76–160~1972!#, is demonstrated at high frequencies. E
pressions are given for estimating the standard deviation of 2D and
mode counts from their smoothed values, in a finite frequency band, w
one dimension is much smaller than the others.
y
s

-

5aAA15. An extension of the transfer function method described in
ASTM E 1050-90 for its use in semianechoic conditions. Miguel
Angel Picard Lopez, Pedro Solana Quiros, and Javier Fermin Urchue
Schoelzel ~Dept. de Fisica Aplicada, Univ. Politecnica de Valenci
Camino de Vera 14, 46022 Valencia, Spain!

The wave tube described in the above standard requires a rigid
characterized by a very high impedance, ensuring the correctness o
measurement of the sample-specific acoustic impedance. This metho
also be employed for the measurement of other characteristic param
associated with fibrous materials, more specifically, its dynamic flow
pedance. If the rigid end is removed and the tube is enlarged with a p
containing absorbing material, the tube termination impedance is obta
when measuring without the probe. This impedance is affected by the
modal response, which is a function of the tube’s length. If a fine slice
the sample~as compared to the wave length inside the tube! is then used,
and again an impedance measurement is performed, the values obt
are in phase with the first measurement~without sample! and differ by the
amount of the dynamic flow impedance of the sample. Measurements
been performed with Rockwool samples of different densities giving go
results, as shown in a recent J. Sound Vib. paper. The advantage o
method is that measurements can be done with a nonideal end, a
effects are taken into account in the evaluation procedure.

5aAA16. Toward a global in situ method for materials acoustic
impedance assessment at very low frequencies using evolutio
strategy. Guillaume J. A. Dutilleux ~Lab. des Sci. de l’Habitat, Ecole
Nationale des Travaux Publics de l’Etat, rue Maurice Audin, 695
Vaulx-en-Velin, France! and U. R. Kristiansen ~NTNU, 7034
Gloeshaugen, Norway!

As the currentin situ absorption measurement methods are both lo
and based on time-domain processing, the time-frequency uncertaint
lationship limits their ability to measure at low frequencies, leaving
building engineer with an uncovered frequency range. The complemen
approach proposed here is to work in the frequency domain instead a
consider the measurement problem as an inverse and optimization on
critical assumption for practicality is that very few measurement poi
should be necessary to define the pressure field without ambiguity. As
optimization problem is clearly not local, a global algorithm is necess
in combination with a forward model of the room giving the pressure fi
from the boundary conditions. A numerical study is given concernin
1317Joint Meeting: ASA/EAA/DEGA
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2-D rectangular room modeled by the finite-difference method. Each
has a specific impedance. An evolution strategy is used as a global
mization tool, both alone and in combination with a local search meth
to find the boundary conditions of an imaginary room. Good results
obtained over the 100–250-Hz frequency range, with only as many m
surement points as unknown variables.

5aAA17. Sound-absorption properties of suspended ceilings with
plastic foils. Ivan Bosmans, Walter Lauriks, Geert Lombaert, Jo
Mermans, and Gerrit Vermeir ~Lab. voor Akoestiek en Thermisch
Fysica, Katholieke Univ. Leuven, Leuven, Belgium!

Suspended ceilings using plastic foils can be used as wall or ce
finishing systems. The cavity behind the foil~plenum! is used for hiding
technical appliances. Without sound-absorbing material in the plenum
used
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absorption coefficient of the suspended ceiling can be very low, and ev
with absorbing material in the cavity, the presence of the membrane c
seriously degrade the acoustic performance. The sound-absorption pro
ties of suspended ceilings using a plastic impervious membrane are inv
tigated theoretically and experimentally. The sound absorption coefficie
has been modeled using a general model for the acoustic transmission
absorption of a multilayered structure. Measurements have been p
formed in a reverberant room using different sound-absorbing materials
the cavity. Due to the impervious foil, the structure behaves as a reson
system. The different physical mechanisms of these resonances will
highlighted and simple equations to estimate the resonance frequencies
put forward. Under certain conditions, the absorption coefficient can b
comeexactlyone, but at other frequencies the sound absorption can
quite low, unless sufficient sound-absorbing material is provided in t
cavity. Using a perforated membrane increases the sound absorption d
tically.
N
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Session 5aAB

Animal Bioacoustics: Animal Bioacoustics Poster Session

Ronald J. Schusterman, Cochair
Long Marine Laboratory, University of California, 100 Shaffer Road, Santa Cruz, California 95060, USA

Nikolai A. Dubrovsky, Cochair
Andreyev Acoustics Institute, 4 Shvernika Street, 117036 Moscow, Russia

Contributed Papers

All posters will be on display from Wednesday to Friday, 17–19 March. To allow contributors an opportunity to see other posters,
contributors of odd-numbered papers will be at their posters from 8:00 a.m. to 10:00 a.m. and contributors of even-numbered papers
will be at their posters from 10:00 a.m. to 12:00 noon on Friday, 19 March.
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5aAB1. Positioning accuracy of a large-aperture hydrophone array
for sperm whale research. Magnus Wahlberg ~Inst. of Coastal Res.,
Natl. Board of Fisheries, Nya Varvet 31, 426 71 Va Fro¨lunda, Sweden,
magwah@dd.chalmers.se!

Source positioning accuracy of a large-aperture~1 km! hydrophone
array was investigated, using 2-D and 3-D algorithms. The array was
for positioning and SL determination of sperm whales off the coas
Northern Norway during the summers of 1997 and 1998~see Mo”hl, this
volume!. Positioning accuracy is dependent on mainly four factors:~1!
positioning accuracy of the hydrophones,~2! variation in sound velocity of
the medium,~3! inaccuracies in the measurements of the time-of-arri
differences, and~4! choice of algorithm~errors associated with geometr
over-simplification!. Errors introduced by the factors~1! and~3! had small
effects compared with errors introduced by the factors~2! and ~4!. The
total estimated error varied considerably in different areas covered by
array and for different array configurations. Sound velocity showed o
modest variation with depth, except for a20.2-m/s per meter gradient in
the 0–100-m depth interval caused by summer heating of the sur
water. For a sound source close to the surface, this sound velocity gra
causes a shadow zone starting some hundred meters from the source
a shadow zone may lead to underestimates of source level estimates
2-D algorithms.@Work supported by the Danish National Research Fo
dation.#
t
ch

5aAB2. Analysis of the sound emissions of captive bottlenose dolphin
„Tursiops truncatus…. Inês Mello ~CAPS, Instituto Superior Te´cnico,
Av. Rovisco Pais, 1096 Lisboa Codex, Portuga
ines_mello@hotmail.com!, Cristina Brito ~Projecto Delfim, 1100 Lisboa,
Portugal!, and Manuel E. dos Santos~Unidade de Investigac¸ão de
Eco-Etologia, 1100 Lisboa, Portugal!

Bottlenose dolphins~Tursiops truncatus! produce a great variety of
sounds, including whistles, echolocation clicks, and other pulsed sou
The behavior and the sound emissions of eight bottlenose dolphins
studied in a dolphinarium~Zoomarine, Albufeira, Portugal!. Acoustic re-
cordings were made with a B&K 8103 hydrophone and a Sony TCD-D
Pro DAT recorder. Systematic behavioral observations were condu
~including show behaviors! simultaneously with acoustic recordings
Whistles were the most abundant signal type (n54238) and several fre-
quency modulation profiles were found to be repeatedly produced. Ech
cation click trains and other pulsed signals were also produced. Wh
production throughout the day showed statistical concordance amo
days of systematic sampling. Highest levels of whistle production
curred in interactions among the dolphins and in interactions between
dolphins and their trainers. The clicks and other pulsed sounds, m
frequent in resting and swimming, showed a similar occurrence cy
1318Joint Meeting: ASA/EAA/DEGA
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throughout the day. Performances of conditioned behaviors~during
shows! were associated with decreased levels of whistles and incre
levels of click trains and other pulsed sounds.

5aAB3. Directional hearing or binaural phenomenon? Gennadi L.
Zaslavski ~Univ. Authority for Appl. Res. and Industrial Developmen
Tel-Aviv 61392, Israel!

Binaural phenomenon is known to be responsible for sound loca
tion in humans. A similar mechanism is thought to provide the dolp
with the ability to localize targets and sound source. At the same time
dolphin possesses quite good directional hearing, let alone very direct
click transmission, which is absent in humans. The directional hearin
the dolphin, at least in the horizontal plane, appears to be consistent
two ears’ reception. Does it signify that the binaural phenomenon coe
in dolphins with directional hearing? As far as humans are concerned
spatial hearing does not involve any substantial hearing directionality.
directionality seems to negate the main advantage of the binaural hea
that is instantaneous determination of a sound source direction, and
plicate the use of binaural cues. It was found that the lesser intensit
high-frequency clicks the smaller an angle between their sources shou
for the dolphin to hear them simultaneously. The directivity pattern of
dolphin’s auditory system was measured as a dependence of the thre
angle between the sources on the click’s intensity. At high frequencies
dolphin’s auditory system performed as a directional system rather tha
omnidirectional binaural system known for humans.

5aAB4. Localization of sounds from a paired source in the dolphin
and fur seal. Gennadi L. Zaslavski~Univ. Authority for Appl. Res. and
Industrial Development, Tel-Aviv 61392, Israel!

There is a notion that the dolphin’s spatial hearing operates simil
to that of humans, even though the dolphin’s ability to localize a sourc
the vertical plane is practically the same as in the horizontal one. Bina
phenomena are used to explain localization in the dolphin; however, t
are no interaural differences in the vertical plane. Given the dolphin’s v
short echolocation click and high time resolution, one would find it di
cult to describe the dolphin’s hearing in terms of binaural phenomen
The dolphin’s sonar system performs as a monaural rather than a bin
system@G. Zaslavskiy and V. Ryabov, inMarine Mammal Sensory System
~1991!#. In fact, very directional sonar click transmission and recept
seem to account well for the dolphin’s spatial hearing. In the pres
study, the way in which dolphins and fur seals respond to a sum of
signals from two sources will be discussed. There are different hea
phenomena in the human associated with the binaural perception o
sound coming from two different directions. Some of these phenom
were found in the fur seal but none of them was present in the dolph

5aAB5. Range accuracy: One more peculiarity of the dolphin’s sonar.
Gennadi L. Zaslavski ~Univ. Authority for Appl. Res. and Industria
Development, Tel-Aviv 61392, Israel!

In order to measure range accuracy in the dolphin, a range differe
discrimination experiment should be performed. However, when two
gets are presented at different distances simultaneously, even at an
as big as 40–605B0, one dolphin’s click can cause echoes from bo
targets. As a result, the targets can be distinguished by the differen
the echo arrival time without measuring the target distance. The best
to prevent the dolphin from simultaneous targets insonifying by each c
turned out to be successive submerging of the targets in water at diffe
distances from the dolphin. Nevertheless, it proved to be impossibl
force the dolphin to measure the distance from itself to the targets.
dolphins solved the task by measuring the time interval between the ta
echo and echo from a reference object; that could be the pool wall
even a nylon net. There was no consistent change in the threshold r
difference with the targets’ range, whereas it regularly decreased whe
1319 J. Acoust. Soc. Am., Vol. 105, No. 2, Pt. 2, February 1999
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targets were moved closer to the reference object. The dolphins prefe
to measure the relative target position even if the reference object was
much greater distance than the targets.

5aAB6. Perception of harmonic complexes in budgerigars
„Melopsittacus undulatus…. Micheal L. Dent, Robert J. Dooling~Dept.
of Psych., Univ. of Maryland, College Park, MD 20742!, and Marjorie R.
Leek ~Walter Reed Army Medical Ctr., Washington, DC 20307!

Many studies have shown that birds have auditory spectral resolv
powers similar to mammals, but it has long been thought that they
superior in analyzing temporal information. To investigate the ability
budgerigars to process rapid temporal cues within complex wavefor
birds were required to discriminate among harmonic complexes with id
tical long-term spectra, but with temporal waveforms that differed in e
velope shape or fine structure. Using operant conditioning procedu
birds were trained to discriminate a highly peaked waveform, created w
all components starting in cosine phase, from waveforms with a rand
selection of phase for each component, creating a flatter envelope sh
In a second experiment, birds discriminated between harmonic compl
that were identical in both spectrum and waveform envelope, but
differed in the fine structure within fundamental periods. In both expe
ments, birds could easily discriminate among waveforms with fundam
tal frequencies up to 800 Hz, with some decrement in performance
higher frequencies. Humans are unable to perform similar tasks for
quencies higher than about 300 Hz, suggesting that time processin
complex sounds in the avian auditory system may preserve informa
presented at rates at least three times the limits shown for humans.@Work
supported by NIH DC00198.#

5aAB7. Frequency discrimination and advertisement call in the
aquatic clawed frog, xenopus l. laevis: Qualifications for
interindividual recognition. Andreas Elepfandt ~Inst. Biologie,
Humboldt Univ., Invalidenstr. 43, 10115 Berlin, Germany!

The acuity of frequency discrimination was tested in the clawed fr
xenopus l. laevisby means of conditioning.xenopusis completely aquatic
and communicates acoustically on the bottom of ponds. For condition
a tank was built in which pure tones could be presented to the animal.
paradigm was discrimination of water surface waves contingent upon
underwater tone presented simultaneously, i.e., distinguishing a wave
sented with tone A from a wave with tone B. Frequency discriminati
was best in the range 1600–2000 Hz, where relative discrimination u
2% was found. This range matches the range of the dominant frequen
the frog’s advertisement call. Whereas there is considerable variation
tween individuals, the dominant frequency of a given individual is ve
constant, varying by less than 10–20 Hz even when the hormonal statu
the animal or the temperature of the water is changed. Thus the ani
can distinguish between calling males on the basis of the dominant
quency. In the field, males establish territories whose location may rem
constant for weeks up to years, so that stable neighbor relationships
formed. In such a situation, recognition of the neighbor’s call may
advantageous.

5aAB8. Acoustic attraction of the parasitoid flyOrmia ochraceato the
song of its host. Nathalie Ramsauer and Daniel Robert~Inst. for
Zoology, Univ. of Zurich, Winterthurerstr. 190, CH-8057 Zurich
Switzerland, drobert@zool.unizh.ch!

The parasitoid flyO. ochracealocates its cricket host by acoustically
detecting its calling song. The phonotactic abilities of the fly’s audito
system were investigated behaviorally. Phonotaxis was investigated
large ~w 2.5314.53h 3 m!, sound-proofed, flight cage equipped wit
loudspeakers. Simulated cricket calls with different carrier frequenc
including the standard song~4.8 kHz, 45 pps, 13-ms pulse length! were
played back to attract the flies. Behavioral threshold curves were es
1319Joint Meeting: ASA/EAA/DEGA
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lished by varying the sound pressure level~SPL! for songs with different
frequencies~3.5 to 6.0 kHz!. Threshold was determined when phonotax
failed to occur but was validated only if the fly subsequently reacted to
next higher SPL in the intensity series. Between 4.5 and 5.2 kHz, thr
olds were observed to be around 40 dB (re: 20 Pa; i.e., at 4.8 kHz: 38.3
dB, s.d.53.0 dB, n55 animals!. The sensitivity of phonotaxis to the
level of masking noise was also tested by masking songs of diffe
frequencies with varying noise levels. Noise-threshold curves show
behavior to be least affected by noise at 4.8 kHz, where successful
notaxis to a 60-dB SPL song occurs up to a masking noise level of 45.
SPL. However, at the frequency of best physiological threshold~5.0 kHz!,
masking occurs at 39.0 dB SPL.@Work supported by the Swiss Scienc
Foundation.#

5aAB9. Sound-induced cuticular vibrations in the atympanate
bladder grasshopper Bullacris membracioides. Daniel Robert ~Inst.
for Zoology, Univ. of Zurich, Winterthurerstr. 190, CH-8057 Zuric
Switzerland, drobert@zool.unizh.ch!, Moira J. van Staaden~Bowling
Green State Univ., Bowling Green, OH 43403!, and Heiner Roemer~Inst.
for Zoology, Karl-Franzens-Univ., Graz, A-8010, Austria!

In terrestrial animals, detection of sound waves over long distan
conventionally requires the presence of tympanal ears. Although it la
tympana, the South African bladder grasshopper Bullacris membracio
~Orthoptera, Pneumoridae! is endowed with an acute sense of hearin
Long-range acoustical communication is mediated by duets in which
males loud song~1.7 kHz, 98 dB SPL at 1 m! is answered by the female
milder reply~at 4 kHz, 60 dB SPL!, allowing the male to locate her. Male
present a conspicuously inflated abdomen that constitutes a resonant
radiator. Both males and females harbor six pairs of mechanosensor
gans attached to the wall of abdominal segments A1–A6 that are invo
in sound reception@M. van Staaden and H. Roemer, Nature394, 773#.
Using microscanning laser vibrometry to investigate the mechanic
atympanate hearing, sound-induced vibrations were shown to differ
tween male and female in their deflection shapes and amplitudes.
cuticular vibrations culminate at 1.7 kHz, confirming the resonant na
of their abdominal wall. In both sexes, vibrations at the points of sens
insertions indicate that conventional tympana do not constitute a nece
condition for highly sensitive auditory function.@Work supported by the
Austrian and the Swiss Science Foundations.#

5aAB10. Anatomy and biomechanics of interaural coupling in a
sarcophagid fly. Daniel Robert ~Inst. for Zoology, Univ. of Zuerich,
Winterthurerstr. 190, CH-8057 Zuerich, Switzerlan
drobert@zool.unizh.ch!, Ronald N. Miles ~Binghamton Univ.,
Binghamton, NY!, and Ronald R. Hoy ~Cornell Univ., Ithaca, NY!

In flies, the sense of hearing is related to the parasitic life-style. F
reported in the parasitoid family Tachinidae, tympanal hearing is use
acoustically locate singing hosts. Here, the auditory anatomy and bio
chanics of another family of parasitoid, the Sarcophagidae, is prese
These small auditory organs are located on the ventral prosternum a
several respects conform to the general Bauplan of a dipteran ear. H
ever, the structural organization of their auditory periphery—the tympa
complex—is quite different: it is conspicuously lacking the central piv
ing sclerite that constitutes the key element for directional sensitivity
mechanical coupling found in tachinids@Robertet al., J. Comp. Physiol.
179, 29–44~1996!#. Based on scanning laser vibrometry, deflection sh
analysis shows that, in response to sound, the tympana vibrate asymm
cally but with deflection modes clearly different from those observed
tachinids. The tympanal complex does not oscillate about a fixed ce
fulcrum, but sways about one of its relatively immobile ends. Interau
coupling is proposed to be caused by he anisotropic tympanal struc
This data suggests the presence of an alternative mechanism for d
tional hearing in this fly.@Work supported by NIH, NSF, and the Swis
Science Foundation.#
1320 J. Acoust. Soc. Am., Vol. 105, No. 2, Pt. 2, February 1999
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5aAB11. Sound localization in shallow waters in the clawed frog
Xenopus l. laevis. Sebastian Tuschick ~Inst. Biologie, Humboldt
Universität zu Berlin, Invalidenstr. 43, 10115 Berlin, Germany,
sebastian.tuschick@rz.hu-berlin.de!

Sound localization in waters by small animals likeXenopuswas con-
sidered impossible due to the following physical facts:~i! The sound is not
attenuated by going around the animal’s head, thus preventing interau
intensity difference.~ii ! In water sound propagates five times faster than i
air, yielding too little interaural time difference for detection. Tests
showed, however, thatXenopuscan locate underwater sound. To investi-
gate the biophysical mechanisms of sound localization inXenopus, tym-
panic vibration was measured with laser vibrometrics. The measureme
were conducted in an artificial pond (639 m2, 1 m deep! that was es-
pecially constructed for analysis of underwater sound. To produce equ
sound from any direction relative to the animal, a platform was bui
which could be rotated with the animal while sound was broadcast from
constant position. Initial experiments show a higher amplitude of tympan
vibration if sound is applied from the ipsilateral side compared to th
contralateral side. The highest tympanic responses were observed betw
1.6 and 2.1 kHz, the dominant frequency of theXenopusadvertisement
call. Thus, obviously special biophysical adaptations of the ear enab
Xenopusto localize underwater sound.

5aAB12. Sound propagation in natural environments. Evelyn B.
Glaser ~Zool. Inst., J. W. Goethe Univ., Siesmayerstr. 70, 60323
Frankfurt am Main, Germany, e.glaser@zoology.uni-frankfurt.de!

The basic model of acoustic communication in animals is one of tran
mitters, receivers, and a transmitting pathway in between. The acous
features of each component involved determine the acoustic behavior
animals in natural environments. The aim of this work is to describe th
alteration of sounds propagating through a natural habitat by measu
ments and modeling. Birdsongs and various artificial sounds are broadc
and recorded at five distances at different habitats~temperate meadow and
desert!. The sounds are designed to match several acoustical characte
tics of birdsongs. The signals of two microphones are recorded simult
neously with a DAT-recorder and analyzed off-line. The transfer function
between the referenced loudspeaker output and the respective record
inputs are then computed. The resulting distinct patterns for the powe
spectra depend on the spatial arrangements of the transmitter and the
ceivers and the acoustic impedance of the transmitting pathway. Importa
spatial features are the horizontal and vertical distance between transmi
and receiver and their distance to the surface. The amplification and dam
ing of the sounds can be explained by the interference of the direc
transmitted and the reflected wave. The measured and the computed s
tral patterns show a high degree of similarity.

5aAB13. Mosquito bioacoustics: Microscanning laser vibrometry of
sound-induced antennal vibrations. Martin C. Goepfert and Daniel
Robert ~Inst. for Zoology, Univ. of Zurich, Winterthurerstr. 190,
CH-8057 Zurich, Switzerland, mgoepfer@zool.unizh.ch!

The acoustically oriented mate-finding behavior of mosquitoes is
classic acoustic near-field detection and communication system. Ma
mosquitoes are attracted by the female flight sound, and previous stud
@H. Tischner and A. Schief, Zool. Anz. Suppl.18, 453–460~1955!# indi-
cated that the male antenna enters resonance in response to these so
Microscanning laser vibrometry was used to document the biomechan
of antennal sound detection inAedes aegypti. Measurements confirm that
the antenna acts as a velocity receiver with the antennal shaft rocki
about its socket in a rodlike manner. The frequency response of the m
antenna, revealed by white-noise analysis, shows maximum velocit
around 500 Hz corresponding to the dominant frequency emitted by flyin
conspecific females. The female antenna, however, is not tuned to
male flight sounds, suggesting that only males use incident sounds
mate detection. The function of sound-induced antennal vibrations in f
males remains unclear. Further comparative analysis focusing on the
1320Joint Meeting: ASA/EAA/DEGA
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rectionality of the antennal response and sound emission will be prese
@Work supported by the Deutscher Akademischer Austauschdienst an
Swiss Science Foundation.#

5aAB14. The detection of conspecific and heterospecific calls in nois
by birds. Bernard Lohr, Timothy F. Wright, and Robert J. Doolin
~Dept. of Psych., Univ. of Maryland, College Park, MD 20742!

Little is known about the effects of noise on the ability of birds
detect vocal communication signals. To address this question, an op
conditioning procedure was used to test two species of birds, budger
~Melopsittacus undulatus! and zebra finches~Taeniopygia guttata!, for
their ability to detect conspecific and heterospecific calls in noise. C
from three species, budgerigars, zebra finches, and canaries~Serinus ca-
1321 J. Acoust. Soc. Am., Vol. 105, No. 2, Pt. 2, February 1999
.
e

t
s

naria!, served as test stimuli. In general, budgerigars showed lower thr
olds ~better detection abilities! across all call types than zebra finche
Both zebra finches and budgerigars showed a similar pattern of thres
changes for call types from different species. Calls of budgerigars were
easiest to detect, followed by canary calls, and finally zebra finch c
Call bandwidth, which increases across species from budgerigars, to
naries, to zebra finches, may influence the pattern observed in thresh
Low-frequency, band-passed noise simulating anthropogenic n
sources resulted in considerably less masking than broadband white n
Generally, these results conform to the power spectrum model of aud
function. @Work supported in part by the Comparative and Evolutiona
Biology of Hearing at the University of Maryland, NIDCD Grant No
DC00198 to R.J.D., the SERDP program, and the U.S. Army Construc
Engineering Research Laboratories.#
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FRIDAY MORNING, 19 MARCH 1999 ROOM H1058, 8:00 TO 11:00 A.M

Session 5aAO

Acoustical Oceanography: Coastal Pollution Research and Monitoring

John R. Proni, Cochair
U.S. Department of Commerce, NOAA/AOML/OAD, 4301 Rickenbacker Causeway, Miami, Florida 33149, US

Manell E. Zakharia, Cochair
CPE Lyon, LASSO (LISA, EP92, CNRS), 43 Boulevard du 11 Novembre 1918, BP 2077, Batiment 308, 69616 Ville

Cedex, France

Invited Papers

8:00

5aAO1. Acoustical measurements in marine environmental monitoring and research in the United States.Roland E. Ferry
~U.S. Environ. Protection Agency, Region 4, 61 Forsyth St. SW, Atlanta, GA 30303!

Acoustical measurements play an important role in marine environmental monitoring and research in the United States. Acoustics
is employed by a variety of government agencies with environmental roles and responsibilities, including the U.S. Environmental
Protection Agency, National Oceanic and Atmospheric Administration, U.S. Geological Survey, U.S. Army Corps. of Engineers, and
the Department of the Interior. The U.S. Environmental Protection Agency~U.S. EPA! has specific coastal regulatory responsibilities
mandated by the Clean Water Act and the Marine Protection, Research and Sanctuaries Act of 1972, to limit impacts to the marine
environment as a result of wastewater discharges and the disposal of dredged material. To accomplish these tasks, the U.S. EPA and
responsible parties use acoustics to gather ambient oceanographic data needed to make environmentally sound decisions regardin
ocean outfall and dredged material disposal site placement. Acoustics is also used to assess dredged material and wastewater plum
fields to determine the fate and transport of pollutants. In addition, acoustics is used in post-disposal surveys to monitor dredged
material impacts to nearby marine communities. Acoustical measurements with real-time data transmission have been successfully
used to monitor oceanographic conditions near an ocean disposal site for daily management of disposal activities.

8:20

5aAO2. Acoustics tools for ocean pollution research and monitoring in the MAST program. Gilles Ollier ~EC/DG XII/MAST,
Rue de la Loi 200, B1049, Brussels, Belgium, Gilles.Ollier@dg12.cec.be!

The monitoring of ocean pollution as well as coastal waters monitoring and management is a growing interest of the European
Commission~EC!. Among several methods, acoustical measurements remain the preferred one for insight observations. In the
framework of the MAST program~Marine Science and Technology, Directorate General for Research, DGXII!, the EC has supported
several programs dealing either with the understanding of physical phenomena and the development of new acoustic instruments or
with the development of integrated systems~and mainly survey ROVs! where the acoustics plays an important role for sediment
characterization. Among others, the following projects will be presented: TRIDISMA~three-dimensional sediment transport measure-
ment by acoustics!, MAUVE ~miniaturized and reconfigurable instrument for multipurpose survey with a mini autonomous under-
water vehicle; includes a multifunction acoustical unit for the survey of coastal waters!, ARAMIS ~advanced ROV package for
automatic mobile inspection of sediments; includes bathymetric sonar, obstacle avoidance sonar and vertical sounder!, and BIOSO-
NAR @sonar technology for monitoring and assessment of benthic communities; acoustic determination of bottom type~sand, eelgrass,
mussels,. . . )]. The paper will review the past research activity of the EC-funded projects in pollution monitoring and will show the
emphasis of the fifth framework program in this area.
1321Joint Meeting: ASA/EAA/DEGA
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5aAO3. On the use of active low-frequency sonar systems for the monitoring of littoral environment.Dominique Morisset
~Groupe d’Etudes Sous-Marine de l’Atlantique, DGA/DCE/GESMA, BP 42, F29240, Brest Naval, France!

The aim of conventional low-frequency sonar systems is either to detect and classify targets~containers, fish schools, submarines,
divers, mines,. . . ) or tocommunicate between two or more underwater geographical locations~communication, tomography!. The
increase of both military and civilian interest in shallow-water areas~typically from the shelf break to the shore!, requires a better
understanding of the effects of oceanographic environment on acoustic propagation and reverberation. Unfortunately, the available
environmental information concerning bottom characteristics, sound-speed variability~in databases or charts!, is often inaccurate and
unreliable and, most of the time, it does not cover very wide areas. Hence, in order to get a comprehensive environmental knowledge
during operations and to improve performance prediction, low-frequency sonar systems are now equipped with environment assess-
ment functionality. Experimental results concerning the impact of shallow-water environment on sonar signals will be presented. Two
major aspects will be investigated: the impact of both sound-speed profile variability and bottom heterogeneity. The optimization of
low-frequency sonar design and its use for the assessment and the monitoring of littoral environment~i.e., acoustic data inversion! will
then be discussed.

9:00

5aAO4. A hybrid model for echo prediction in coastal waters. Patrick Chevret ~CPE Lyon, LASSSO~LISA, EP92 CNRS!, 43
Bd. du 11 Novembre 1918, BP 2077, Bat. 308, F 69616, Villeurbanne Cedex, France!

Echo prediction in coastal waters is a complex task due to the fact that a very wide range of scales is involved in the propagation
and the scattering phenomena. The model developed is based on a separate formulation of the propagation and the scattering aspec
and a coupling procedure. The propagation modeling is performed using a high-order parabolic operator; it is used from the source to
the vicinity of the target. At this step, the field is decomposed in a set of plane waves that are scattered by the target~decomposition
on the target mode!. The reflected plane waves are then propagated back to the receiver. This global approach can be considered,
somehow, as an ‘‘exact one,’’ nevertheless it is limited to simple shapes and is very time consuming. A simplified formulation has
been developed in parallel that avoids the coupling problem by computing separately the medium and the target response. The
free-field echo of the target~monostatic response! can be either a numerical or an experimental one. The final echo is obtained by the
convolution of both responses. Both model’s performances are compared~computation time, accuracy,. . . ).

9:20

5aAO5. Detecting, mapping, sampling, and analyzing oceanic suspended particulate matter: Methods complementary to
acoustic detection of environmentally sensitive ocean outfall and dumped materials.Terry A. Nelsen and John R. Proni
~NOAA, AOML, Ocean Acoust. Div., 4301 Rickenbacker Cswy., Miami, FL 33149, proni@aoml.noaa.gov!

Natural systems such as lakes, rivers, and oceans can be described by dissolved and particulate components. Particulate sources
coastal oceanic environments include natural materials from seaward riverine and estuarine flows and anthropogenic sources such as
ocean dumping and outfalls. Plumes of suspended particulate matter~SPM! can be natural~lithogenic and biogenic!, anthropogenic,
and any mixture of these. Because SPM can range from environmentally neutral~i.e., lithogenic and biogenic! to hazardous~heavy
metals, bacteria,. . . ), detecting, tracking, sampling, and sourcing SPM plumes can be beneficial for the environment and human
health. Acoustic methods have proven successful in detecting and mapping oceanic SPM over large spatial areas but are limited in
resolving internal fine structure, estimating relative contributions of merged plumes from various sources~e.g., river outflow versus
dumping!, and differentiating between introduced andin situ SPM. To complement acoustics, CTD/optical/water survey tools have
been employed for guided sampling of plumes. Water samples for total suspended matter~TSM! and particle size distributions have
proven useful both to calibrate acoustic measurements and provide insight into signatures provided by particle size distributions.
Signatures, determined by factor and component analyses, allow mapping of SPM components as well as estimating their dilution and
long-termed budgets.

9:40

5aAO6. Measurements of near-bed current flow and suspended sediments using acoustics.Peter D. Thorne ~Proudman
Oceanogr. Lab., Bidston Observatory, Birkenhead, Merseyside L43 7RA, UK!

In recent years the development of:~i! multifrequency acoustic backscatter systems to measure suspended sediment particle size
and concentration,~ii ! coherent Doppler and correlation techniques to evaluate flow, and~iii ! high-frequency scanning systems to
obtain bed microtopography, have significantly advanced the capability to examine the fundamental processes of sediment entrain-
ment and deposition. The outcome from these observations is beginning to make an important contribution to the understanding of the
basic mechanisms of sediment transport. In this report, highlights of acoustic measurements of sediment processes collected in both
the marine environment and in the laboratory are presented. The particular attribute of acoustics to nonintrusively provide high
temporal and spatial resolution profiles of intrawave, and turbulence processes are particularly focused upon, and the scientific output
from contemporary studies discussed.@Work supported by the coastal protection division of MAFF through the CAMELOT program,
NERC, and the EC contract TRIDISMA, MAS3-CT95-0017.#

10:00–10:20 Break
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10:20

5aAO7. Measurements of the spherical reflection coefficient at
grazing sound incidence above sediment. Henning Harms, Rainer
Matuschek, and Volker Mellert ~Dept. of Phys.,
Univ. Oldenburg, D-26111 Oldenburg, German
rm@aku.physik.uni-oldenburg.de!

Liquid undissolved fluid pollutants covering the sea bottom, in g
eral, form a thin layer of a few cm, which cannot be detected acoustic
by normal sound incidence due to the small difference of impedance c
pared to water. Such layers, however, can strongly affect the sphe
reflection coefficient at grazing sound incidence. Using broadband c
signals, the interference pattern at the receiving hydrophone is foun
provide information on the physical properties of the sediment surface
its coating. Laboratory measurements in a small water tank with flat
rippled sand sediments coated by various different chemical substa
revealed a systematic dependence of the measured excess atten
function~EAF! on the acoustic impedance of the chemical, the layer thi
ness and the grazing angle of the incident sound. Results of nume
modeling performed with a fast field program~FFLAGS! show good agree-
ment with the measurement results. In order to prove the applicabilit
the new detection method, measurements in shallow water will be
sented.@Work supported by BMBF.#
1323 J. Acoust. Soc. Am., Vol. 105, No. 2, Pt. 2, February 1999
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10:40

5aAO8. Recent advances in coastal ocean pollution research and
monitoring. John R. Proni and Terry A. Nelson~NOAA, AOML,
Ocean Acoust. Div., 4301 Rickenbacker Cswy., Miami, FL 33149!

Design of both real-time studies of oceanic discharges of potent
pollutants such as sewage effluent, and long-term monitoring of same,
complicated by a number of factors. These factors include lack of know
edge of the space and time distribution of the discharge plume, pro
placement sites for sample gathering, and lack of knowledge of the spa
time distribution of ‘‘interfering’’ plumes~plumes from sources other than
the discharge plume under study!. Progress has been made in the deve
opment of ‘‘integrated sensor suites’’ which produce data with substant
synergistic benefits. Ocean acoustics plays a key role in integrated se
suite data unification. In a recent study in the coastal waters off San Ju
Puerto Rico, the ability of acoustics systems to view essentially the co
plete oceanic water enabled a connection to be made between salin
temperature, and turbidity measurements gathered in the upper 5 m in the
water column to a specific port of a sewage effluent diffuser. Havin
established the ‘‘connectivity’’ of the distal field measurement to a sp
cific port, a dilution value at the distal point could confidently be calcu
lated. This example is but one of many of the synergies available fro
utilization of multiple sensor suites unified through acoustics.
.
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FRIDAY MORNING, 19 MARCH 1999 ROOM MA001, 7:55 A.M. TO 12:20 P.M

Session 5aBB

Biomedical Ultrasound/Bioresponse to Vibration: Safety Guidelines for Diagnostic Ultrasound

Francis A. Duck, Cochair
Department of Medical Physics, Royal United Hospital, Bath BA1 3NG, UK

Wesley L. Nyborg, Cochair
Department of Physics, University of Vermont, Burlington, Vermont 05405, USA

Chair’s Introduction—7:55

Invited Papers

8:00

5aBB1. European Committee for Medical Ultrasound Safety„ECMUS…: Tasks and activities. Hans-Dieter Rott ~Inst. for
Human Genetics, Univ. of Erlangen-Nuremberg, Schwabachanlage 10, D-91054 Erlangen, Germany,
hdrott@humgenet.uni-erlangen.de!

The European Committee for Medical Ultrasound Safety~ECMUS, ‘‘The Watchdogs’’! is an interdisciplinary group of European
scientists who are permanently engaged in monitoring the safety of diagnostic ultrasound. The task of the Watchdog Group is to
inform the members of the European Federation of Ultrasound in Medicine and Biology~EFSUMB! about potential risks of ultra-
sound and to give advice for its appropriate use. The group meets at least once a year. Its activities include literature reviews,
publication of tutorial articles and guidelines, organization of EFSUMB Congress safety sessions, and preparation and publication of
a safety statement which is regularly reconfirmed or amended. The Watchdogs can be contacted through the EFSUMB office in
London @http://www.efsumb.org/ecmus.htm# or directly to any of the members who are prepared to comment on any question
concerning safety issues of medical ultrasound. The present Watchdog members are: Prof. Philippe Arbeille, Physicist in Tours,
France; Prof. Ulrich Cobet, Biophysicist in Halle, Germany; Dr. Francis Duck, Physicist in Bath, UK; Prof. Karel Marsa´l, Obstetrician
Gynecologist in Lund, Sweden; Prof. Hans-Dieter Rott, Human Geneticist in Erlangen, Germany; and Dr. Kjell Salvesen, Obstetrician
and Epidemiologist in Trondheim, Norway.
1323Joint Meeting: ASA/EAA/DEGA
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8:20

5aBB2. Temperature elevation generated by ultrasound in soft-tissue, bone, and transcranial phantoms.Junru Wu ~Dept. of
Phys., Univ. of Vermont, Burlington, VT 05405!

Ultrasound imaging has been widely used in medicine and many new procedures are being developed to obtain images of regions
in a human body once considered beyond the reach of ultrasound. To address the safety issue related to the thermal effects of
ultrasound, the American Institute of Ultrasound in Medicine and the National Electrical Manufacturers Association have developed
simple equations to calculate thermal indices~TI! that indicate the worst-case temperature elevations for various clinical situations. To
experimentally verify the equations, soft-tissue, bone, and transcranial phantoms were constructed. The measured results of tempera
ture rise in the phantoms generated by diagnostic ultrasound were compared with various thermal indices. In general, TI underesti-
mated temperature risein situ. The disparity can be attributed to transducer surface heating.

8:40

5aBB3. Thermal test objects and the measurement of temperature rise produced by diagnostic ultrasound.A. Shaw, N. M.
Pay, and R. C. Preston~Natl. Phys. Lab., Teddington, Middlesex TW11 0LW, UK, AS@npl.co.uk!

Although the AIUM/NEMA TI ~or thermal index! values are now widely used as an indicator of the heating potential of diagnostic
ultrasound fields, they are open to criticism on a number of grounds. As an alternative to the TI approach, substantial effort at NPL
has gone into developing both reference thermal sensors and tissue mimicking materials for use in thermal test objects~TTOs! to
actually measure the temperature rise produced by diagnostic exposure under standardized conditions. In a major project for the UK
Department of Health, 20 pulsed Doppler fields have been measured with both soft tissue and soft tissue/bone TTOs under worst case
and AIUM-equivalent derated conditions. Results were compared with calculated TIs, with NPL predictions of temperature rise and,
when available, with the scanner’s on-screen TI value. Under worst case conditions, up to 3 °C was measured in soft tissue mimic and
up to 10 °C in bone mimic; AIUM-equivalent measurements were generally three to five times lower. Calculated TI values were
generally intermediate between AIUM-equivalent and worst case values. This presentation will briefly describe the design and
performance of the TTOs and discuss the comparison with other methods and the significance of the findings.

9:00

5aBB4. ICRU Report 61: Providing reference data for tissue properties. Andrew C. Fairhead ~Dept. of Biomed. Phys. and
Bio-Eng., Aberdeen Royal Hospitals, Foresterhill, Aberdeen AB25 2ZD, UK, a.fairhead@biomed.abdn.ac.uk!

The recently published ICRU Report 61, entitled ‘‘Tissue Substitutes, Phantoms and Computational Modelling in Medical Ultra-
sound,’’ will be described. As well as reviewing current practice, it specifiesrequirementsof the materials and techniques used to
make ultrasound phantoms for various purposes. It also covers that aspect of computational modeling concerned with thermal
disometry, because the ‘‘body models’’ used in this activity have a similar purpose to phantoms used for measuring temperature rise.
Both must simulate the part of the body of interest, to a sufficient accuracy for the intended purpose. This involves designing tissue
substitutes or simulations with certain values of acoustic and thermal properties, to within a certain tolerance. If thermal measurements
and computations are to be reproducible within and between organizations, these values and tolerances must be agreed. At the
moment, reference data from tissues are sparse. The report suggests suitable values for a selection of tissues. In the presentation, th
need for more data and the problems associated with obtaining them will be emphasized.

9:20

5aBB5. Fundamentals of the Mechanical Index and caveats in its application.Christy K. Holland ~Dept. of Radiol., Univ. of
Cincinnati, 234 Goodman St., Cincinnati, OH 45267-0742, Christy.Holland@uc.edu! and Robert E. Apfel ~Yale Univ., New Haven,
CT!

The Mechanical Index, MI, resulted from theoretical considerations of the short-pulse acoustic threshold for inertial cavitation in
water populated with microbubbles of all sizes@R. E. Apfel and C. K. Holland, Ultrasound Med. Biol.17, 179–185~1991!#. The
assumption, therefore, is that if one does not reach the threshold MI, 0.7, then the probability for inertial cavitation is negligible. The
question arises: Can the utility of the MI be extended to situations in which the threshold MI is exceeded, thereby allowing for some
estimate of the quantification of a potential bioeffect due to microcavitation? Also, can MI be extended to situations in which pulses
are, unlike the original formulation, not short?In vitro experiments over a broad frequency range in which the nuclei content is
controlled have not been reported. However, lung damage from 1- to 6-MHz pulsed diagnostic ultrasound has been assessedin vivo
in the mouse, neonatal mouse, rat, rabbit, pig, neonatal pig, and monkey. The damage observed may be mediated by inertial cavitation,
yet no such causal relationship has been established to date. The possible consequences of gas body activation associated with aerate
lung tissue and intestinal gas pockets represent specific instances of cavitation considerations relevant to clinical practice. In this
review, the MI will be evaluated as a gauge for potential bioeffects from diagnostic scanners capable of operating at high output
levels.

9:40

5aBB6. Ultrasonically induced vascular damage to the mouse intestine.Douglas L. Miller ~Dept. of Radiol., 3315 Kresge III,
Univ. of Michigan, 200 Zina Pitcher Pl., Ann Arbor, MI 48109-0553, douglm@umich.edu! and Richard A. Gies ~Battelle Pacific
Northwest Natl. Lab., Richland, WA!

The mouse intestine represents a valuable model system for evaluating exposure indices and safety guidelines for medical
ultrasound. After anesthetized hairless mice are exposed to ultrasound in a 37 °C degassed water bath, three types of vascular damag
may be observed in the intestines: hyperemia, which appears to be due to heating, hemorrhage into the lumen, which apparently results
1324 1324J. Acoust. Soc. Am., Vol. 105, No. 2, Pt. 2, February 1999 Joint Meeting: ASA/EAA/DEGA
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from cavitation activity, and petechiae in the wall of the intestine, which apparently may be caused either by heating or by gas body
activation. Continuous-wave exposure tends to yield thermal effects, while lithotripter shock waves induce nonthermal hemorrhages.
The petechiae are greatly enhanced when gas bodies from ultrasound contrast agents are introduced into the circulation. The therma
effects require temperature elevations in excess of about 5 °C for several minutes and may be related to the thermal index. The
nonthermal effects require pressure amplitudes in excess of about 1.23 MPa for petechiae and 2.4 MPa for hemorrhages with 10-ms
pulses at 1 MHz and may be related to the mechanical index. However, the cavitational effects appear to depend more strongly on
ultrasonic frequency from 0.4–2.4 MHz than is indicated by the mechanical index.@Work supported by NIH CA 42947.#

10:00–10:20 Break

Contributed Papers
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10:20

5aBB7. Thermal safety considerations for diagnostic ultrasound.
Morton W. Miller ~Dept. of Obstetrics and Gynecology, Univ. o
Rochester Medical Ctr., 601 Elmwood Ave., Box 668, Rochester,
14642! and Wesley L. Nyborg~Univ. of Vermont, Burlington, VT 05405!

As the output of diagnostic ultrasound equipment increased during
past decade, so did the potential for producing significant tempera
elevation. The introduction of equipment features for real-time display
an estimated upper limit to the temperature rise is proving helpfu
informed users. In obstetrical applications it is particularly important
know whether teratological effects could be produced under the opera
conditions being used. While there is an extensive body of literature
defects produced in progeny of laboratory animals exposed to heat d
pregnancy, its specific relevancy to clinical ultrasound situations is
clear. Most exposures were done by placing pregnant animals in he
chambers. Although the temperature of the medium~air or water! sur-
rounding the animal was maintained constant during the time of an ex
ment, the temperature rise experienced by the fetus increased during
or all of that time. In contrast, when an ultrasound beam is focused on
bone, it is expected that the temperature will rise to its steady-state v
relatively rapidly. An approach based on reaction rate theory is propo
as an approximate method for relating effects of the two kinds of ex
sures.

10:40

5aBB8. Mechanical index: The influence of nonlinear propagation in
water and tissue. Mark D. Cahill and Victor F. Humphrey ~Dept. of
Phys., Univ. of Bath, Bath BA2 7AY, UK!

Safety indices for diagnostic ultrasonic scanners are calculated
measurements made in water, which are derated to account for the a
ation of tissues. Shock waves are expected to form more readily in w
than in tissue, because of water’s lower intrinsic attenuation. The resu
increase in the attenuation of high-amplitude waves leads to the possi
that amplitudes might be underestimated from water-based measurem
By considering idealized models of scanners involving a rectang
source with two focal planes, the effect of such nonlinear propagation
the mechanical index has been investigated. As expected, it was found
the mechanical index is greatly reduced from that which would be p
dicted by a linear extrapolation from low-amplitude measurements. H
ever, under most circumstances considered, the reduction of the analo
index in tissue was commensurate with that in water, partly because o
weaker frequency dependence of attenuation in tissue, which promote
formation of shocks. The evaluation of mechanical index at the locatio
1325 J. Acoust. Soc. Am., Vol. 105, No. 2, Pt. 2, February 1999
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peak-derated intensity did, however, result in an underestimation of
peak negative pressure by about 10%, and even greater errors res
when the gain and operating frequency were raised.

11:00

5aBB9. Boundaries to effective acoustic output regulation from
acoustic saturation. Francis A. Duck and Hazel C. Starritt~Dept. of
Medical Phys., Royal United Hospital, Bath BA1 3NG, UK
f.duck@bath.ac.uk!

Acoustic saturation limits the pressure amplitude which may
reached at any position in an ultrasonic beam. The saturation press
psat, is a function of acoustic frequency, distance from the source, and
acoustic nonlinearity parameter. It is independent of the source press
An approximate expression has been used@Naugol’nykh and Romanenko,
Sov. Phys. Acoust.5, 191–195~1959!# to predict psat at the focus of
spherically focused medical diagnostic beams in a lossless medium.psat

typically lies in the range 1–10 MPa, lower values being associated w
higher frequencies and longer focal depths. Mechanical index and spa
peak intensities are also subject to saturation effects, being calculated
acoustic pressure. A significant range of conditions exist for which aco
tic saturation prevents MI, and deratedI ~spta! and I ~sppa!, from exceed-
ing the regulatory limits set by the Food and Drug Administration in th
USA. Action limits set by IEC 61157 are sufficiently low to be unaffecte
in the majority of cases. It is concluded that the existence of acou
saturation presents a strong argument to review present procedure
regulating acoustic output from diagnostic ultrasound equipment.

11:20

5aBB10. Review on the viability of mammalian cells in ultrasonic
standing wave fields. Otto Doblhoff-Dier, Theo Gaida~Inst. for Appl.
Microbiology, Univ. of Agricultural Sci., Nussdorfer La¨nde 11, A-1190
Vienna, AT Austria, doblhoff@edv2.boku.ac.at!, Wolfgang Burger, Felix
Trampler, Martin Gro¨schl, Ewald Benes ~Vienna Univ. of Technol.,
A-1040 Vienna, AT Austria!, James M. Piret, and Steven M. Woodsid
~Univ. of British Columbia, Vancouver, BC V6T 1Z3, Canada!

Ultrasonic standing waves have been used in a number of applicat
for the separation of suspended particles, such as the separation of an
cells in fermentation processes. This technology has led to the deve
ment of high cell density, continuous perfusion fermentation systems w
1325Joint Meeting: ASA/EAA/DEGA
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increased volumetric productivity. The ultrasonic separation device a
tionally can be used for controllable selective retention of viable cells
selective removal of cell debris. A key issue with this technology is
question if the ultrasound fields applied can be stressful to animal c
growing in suspension, thereby decreasing cell viability or impeding m
bolic functions. This issue is also of interest to regulatory bodies c
cerned with quality assurance and quality control of pharmaceuticals
rived from animal cell culture. Available data concerning cell viabilit
productivity, and metabolic activities will be reviewed and put into p
1326 J. Acoust. Soc. Am., Vol. 105, No. 2, Pt. 2, February 1999
spective to regulatory and fermentation technological concerns, such
product identity and purity, biological activity, consequences for subs
quent protein purification procedures, long-term continuous producti
strategies, etc.@Work supported in part by the European Commission
Contract No. ERBFMRXCT970156.#

11:40–12:20
Discussion of the Future Direction of Safety Standards by W. Nyborg

and F. Duck
.
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FRIDAY MORNING, 19 MARCH 1999 ROOM H112, 7:55 TO 9:40 A.M

Session 5aEA

Engineering Acoustics: SAW Devices

Harold C. Robinson, Cochair
Naval Undersea Warfare Center, 1176 Howell Street, Newport, Rhode Island 02841-1708, USA

Daniel Hauden, Cochair
LPMO-CNRS, 32 Avenue de l’Observatoire, F-25044 Besanc¸on, Cedex, France

Chair’s Introduction—7:55

Invited Papers

8:00

5aEA1. Surface acoustic waves and devices—A brief overview.Harold C. Robinson ~Naval Undersea Warfare Ctr. Div.,
Newport, RI 02841!

This paper will provide a basic introduction to surface acoustic waves and devices. Surface acoustic waves have been employed
in a broad spectrum of devices, from filters and oscillators used in communications, to chemical and biosensors. This tutorial will
detail the fundamentally important properties of surface acoustic waves which make them useful in devices. The principal methods of
generating them will be discussed. A broad overview of their areas of application, as well as the types of devices which are possible
using them, will be given.

8:20

5aEA2. Surface acoustic wave sensors for the detection of gases and for biological applications.Manfred von Schikfus ~Institut
für Angewandte Physik, Universitaet Heidelberg, Albert-Ueberle-Strasse 3-5, 69120 Heidelberg, Germany!

The presence of organic or inorganic chemical species can be detected by their reaction with a suitable reagent. In acoustic sensors
where the sensor reagent is immobilized on the device, the associated mass increase is detected by a change of the propagatio
characteristics of an acoustic wave. Acoustic surface wave~SAW! devices promise an advantage over the commonly used quartz
oscillators because of their inherent higher sensitivity associated with their high operating frequency of up to several hundred MHz.
Until now SAW devices have not found widespread application, mainly because of handling difficulties associated with the necessity
to mount these devices on sockets and to connect them electrically with bonding wires. In this contribution, techniques will be
presented to overcome problems associated with the operation of SAW sensors in aggressive liquids or in gases at elevated tempera
tures. A new type of SAW device has been developed in which no ohmic electrical contacts are required. Instead, electrical connection
between the device and the electronic circuitry is achieved by inductive coupling. In this way, operation and preparation of the devices
is considerably eased. Data will be presented on immunosensing in buffer solutions, and on gas sensing at temperatures up to 500 °C.

8:40

5aEA3. Radio-frequency surface acoustic wave filters for mobile communications systems.Ulrike Rösler, Werner Ruile, and
Clemens C. W. Ruppel~Corporate Technol., Siemens AG, ZT KM 1, 81730 Munich, Germany, ulrike.roesler@mchp.siemens.de!

Surface acoustic wave~SAW! filters are small, rugged, crystal stable, and can be fabricated with high reproducibility. SAW filters
play a key role in the rapidly growing market of mobile communication systems and are used for channel filtering as well as for RF
filtering. For today’s communications systems novel types of SAW filters are being developed in order to meet the stringent
requirements with respect to low insertion loss, high relative bandwidths, good stopband rejection properties, and power durability.
Most SAW RF filters are fabricated on cuts of LiTaO3 and LiNbO3 . To obtain very low loss filters precise knowledge of the wave
propagation and loss mechanisms is a prerequisite. Using advanced analysis tools, substrate-cut-metallization combinations can be
1326Joint Meeting: ASA/EAA/DEGA



chosen for minimized propagation losses. To enhance power durability of SAW filters both substrate-metallization combination as
well as the design have to be optimized. Two different filter techniques are used for SAW RF filters. The working principles of double
mode structure~DMS! filters and ladder-type filters, both using resonances to minimize the lengths of the structures and the required
chip size, will be described. As examples, RF filters for GSM and PCN, diplexer for GSM, and duplexers for cordless phones will be
presented.
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9:00

5aEA4. Measurements of elastic properties of polymeric humidity-
sensitive films at different temperatures. Cinzia Caliendo and Enrico
Verona ~Istituto di Acustica ‘‘O. M. Corbino,’’ CNR, Via del Fosso de
Cavaliere 100, 00133 Roma, Italy, Caliendo@idac.cnr.rm.it!

Chemically sorbent polymeric films are commonly coated on acou

wave devices to realize gas or vapor sensors. Temperature variation

well as analyte adsorption, lead to softening of the film, producing a

turbation in the acoustic wave/film interaction. To achieve a high leve

sensor’s performance, the chemically sensitive coating has to be ch

terized in terms of acoustic parameters temperature and frequency d

dence. An acoustic wave device has been used as a probe of the s

and loss moduli of a thin viscoelastic film over a range of tempera

(20 °C2150 °C) and of frequency~factor of more than 20!. Using an

equivalent circuit model of the acoustic wave/thin viscoelastic film int

action, the overmentioned moduli have been deduced as a functio

temperature from the experimental data for Poly~bis-tributhylphosphine-

Ni-diethynylbiphenyl!, Ni-DEBP, coated acoustic device, previous

tested as a sensitive layer for relative humidity detection.
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9:20

5aEA5. Humidity sensing properties of uncoated and coated SAW
delay lines. V. I. Anisimkin ~Russian Acad. of Sci., Inst. of
Radioengineering and Electron., Moscow!, A. Bonfiglio, C. Caliendo, E.
Verona ~CNR-Istituto di Acustica, 100-00133, Roma, Italy!, and M.
Penza ~PASTIS-CNRSM, Brindisi, Italy!

The relative changes in the SAW propagation velocityDv/v were
measured as a function of the relative humidity~RH! at the normal con-
ditions. The results of the measurements were compared for different
substrates~AT,x-, ST,x-, yx-SiO2, yz-, 128° y,x-LiNbO3) and different
coatings deposited on these substrates~polyvinyl alcohol, Pd, Pd0.99Ni0.01,
Pd0.97Ni0.03). In accordance with theoretical predictions@V. I. Anisimkin
and E. Verona, IEEE Trans. Ultrason. Ferroelectr. Freq. Control45(5),
1–8 ~1998!#, the behavior of theDv/v(RH) curves for a given coating
was found to be dependent on the material of substrate and its cryst
graphic orientation. The magnitudesDv/v for uncoated SiO2 were two to
ten times larger than those were for uncoated SiO2 . The coating of the
substrates by polyvinyl alcohol and Pd increased sensitivity of SAW
wards humidity by 30 to 100 times, providing large responseDv/v
'100 ppm even at small RH'1%. The threshold concentration for the
coated SAW devices was estimated as RH'0.01%.
.
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FRIDAY MORNING, 19 MARCH 1999 ROOM MA144, 8:00 TO 10:00 A.M

Session 5aMUa

Musical Acoustics: General Topics in Musical Acoustics I

James W. Beauchamp, Cochair
School of Music and Department of Electrical and Computer Engineering, University of Illinois at Urbana-Champa

Urbana, Illinois 61801, USA

Helmut Fleischer, Cochair
Institute of Mechanics, Faculty of Aerospace Technology, University of the Federal Armed Forces, D-85577 Neu
Germany
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8:00

5aMUa1. Sound power of musical instruments measured with sound
intensity in a practice room. Tadeusz Fidecki ~Music Acoust. Lab.,
Chopin Acad. of Music, Okolnik 2, 00-368 Warszawa, Polan
fidecki@chopin.edu.pl!

The data on sound power of musical instruments published by var
authors demonstrate considerable spread. In most studies, sound pr
was used for the determination of sound power. In the present study s
power was determined from sound intensity. The discrete point me
with 10 measurement points on a hemisphere and 80 to 300 point
rectangular surfaces was used for the evaluation of sound power.
re
d

measurements were carried out for three instruments: the bassoon
upright piano, and the snare drum. The instruments were played by
fessional musicians in a typical practice room. The music samples pla
on the bassoon and on the piano were scales and excerpts of music
samples played on the snare drum were rhythmic sequences and tre
sounds. The results demonstrate that sound intensity is a reliable me
for the estimation of sound power level of musical instruments played
small practice room. The paper discusses the influence of the measure
method, the test room acoustics, the playing technique, the choice of
sic sample, and the player’s stability on the uncertainty of measurem
@This work was supported by Grant No. 7-T07B-043-10 from the St
Committee for Scientific Research.#
1327Joint Meeting: ASA/EAA/DEGA
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8:20

5aMUa2. Data-driven modeling of acoustical instruments. Bernd
Schoner, Charles Cooper, Christopher L. Douglas, Edward S. Boyde
and Neil A. Gershenfeld ~Phys. and Media Group, MIT Media Lab, 2
Ames St., Cambridge, MA 02139, schoner@media.mit.edu!

Comprehensive digital analysis and synthesis of musical instrum
using direct observations of their physical behavior have been devel
and implemented for the violin. In a training session, control input d
from unobtrusive bow and finger sensors is recorded simultaneously
the violin’s audio output. These signals are used to train a cluster-weig
probabilistic prediction model that reproduces the nonlinear relation
between the control inputs and the target audio output data. Clu
weighted modeling was developed to apply previous results from lin
systems theory and time-series approximation theory in the broader
text of a globally complex and nonlinear model. The presented so
synthesis engine makes use of familiar sound synthesis techniques
extends them with a complex input/output framework that naturally inc
porates dynamic control. The final system predicts audio data base
new control data. While a violinist plays the interface device~a silent
violin!, the computer model reproduces the sound of the original vio
Recent work has extended the system of sensors and algorithms to m
string vibration dynamics as well as the radiated sound.

8:40

5aMUa3. Application of linear prediction coding and additive
synthesis in computer music. Magdalena Klapper~Dept. of Computer
Sci., Univ. of Mining and Metallurgy, Cracow, Poland!

The contemporary computer technique gives a composer quite
possibilities for sound creation. The interference into the sound struc
and modification of it, through the mediation of computer, allows one
obtain a new aesthetic value. The paper presents involvement of two m
ods of signal processing: additive synthesis and linear prediction cod
to obtain an amazing musical effect. Both of the methods were used in
stages: analysis and resynthesis. The stage of analysis allows for th
scription of a sound by a certain group of information about its structu
Modification of these parameters allows the changes to be made to
sound structure. Employing the analysis methods to the sounds the
not dedicated to may also give an effect of far sound structure modi
tion. It may be given as an example analyzing nonharmonic sounds w
heterodyne filter, or lpc analysis of fast changing sounds. In these c
the sound structure modification results from loss of data during anal
A wide range of possibilities of sound creation, made accessible by
contemporary computer technique, is a difficult challenge for imagina
and a unique aesthetic of a composer.

9:00

5aMUa4. Sounds that are not what they sound: The unrecognizability
of piano sounds transformed due to string preparations. Alexandra
Hettergott ~Koflergasse 19/9, A-1120 Vienna, Austria!

Three different performances of John Cage’s,Sonatas and Interludes
for Prepared Piano~1946–1948!, each of which is a recent CD recording
were analyzed in relation to a common notational model. Though follo
ing the same lines regarding the preparations of the grand piano by m
1328 J. Acoust. Soc. Am., Vol. 105, No. 2, Pt. 2, February 1999
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of screws, bolts, nuts, rubber, and/or plastic, applied to the double an
triple piano strings, realizations of the same piece may differ from one
another in almost all musical parameters: not only in aspects of tempo an
dynamics, but also with respect to the respective spectral distribution, a
pitch strength and tone color, and also in the perceived pitches themselve
The course of a tone sequence in one performance perceptually may com
pletely be changed relating to the other. Cage’s preparations, though d
tailed up to a certain point, thus allow one to take interpretative liberties
The performances were compared referring to both their spectral and tem
poral characteristics, each of them yielding a completely different sound
quality. Differences and factorial common facts will be shown in multi-
component features derived from; in addition, several sound examples wi
be given.

9:20

5aMUa5. Measurements of arm motion, timing, and striking force in
a simple drumming task. Sofia Dahl ~Dept. of Speech, Music and
Hearing, Royal Inst. of Technol.~KTH!, SE-100 44 Stockholm, Sweden,
sofia@speech.kth.se! and Virgil P. Stokes ~Karolinska Inst., Stockholm,
Sweden!

How does the percussionist’s playing technique and feedback from th
instrument influence the performance with respect to timing and striking
force? In an attempt to answer this question the motion of the right arm
and drumstick, and the timing and striking force in a simple repeated
drumming task were measured for three professional percussionists an
one amateur. The task consisted of single strokes with interleaved accen
played at three different tempi and at three dynamic levels. Three striking
tools ~drumsticks, mallets, and brushes! and three different types of strik-
ing surfaces were used. Differences between the players’ performance
under the different experimental conditions will be reported.@Work sup-
ported by the Bank of Sweden Tercentenary Foundation.#

9:40

5aMUa6. A tale of three violins: Comparison of radiation
mechanisms measured with near-field acoustic holography.Lily M.
Wang and Courtney B. Burroughs~Grad. Prog. in Acoust., Penn State
Univ., P.O. Box 30, State College, PA 16804!

Complex pressure measurements have been made on multiple plan
surrounding three violins, while bowed with a mechanical bowing appa-
ratus: a Scherl & Roth student instrument, Hutchins’ SUS295, and a
Hutchins’ mezzo-violin. The data are used with a multiplanar near-field
acoustic holography~NAH! algorithm to reconstruct the surrounding ra-
diated sound fields of each instrument, including pressure and intensit
from the surface extending out to the far field. Areas of significant radia-
tion on each violin are identified, compared, and related to structural dif-
ferences between the instruments.@Work supported by NSF Graduate Re-
search Fellowship, Lucent Technologies/Bell Laboratories GRPW Grant
and AAUW Selected Professions Dissertation Fellowship.#
1328Joint Meeting: ASA/EAA/DEGA
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5aMUb1. Method for time-domain localization of stochastic noise in
quasiperiodic signals. Knut Guettler ~Norwegian State Acad. of Music
P. B. 5190 Majorstua, 0302 Oslo, Norway, knut.guettler@samson.nmh!

In order to establish knowledge on the sources of noise in ne
periodic signals, it is essential to apply methods that give the best pos
resolution in the time domain. Of particular importance is this kind
analysis when attempting to synthesize low-pitched bowed string ins
ments, where most of the noise appears in pulses. The present m
isolates the noise from the signal without the use of any nonrectang
window or zero padding. This can conveniently be done by combin
FFT with the Bluestein filter@L. I. Bluestein, Nerem Record, 218–21
~1968!#, which allows the number of elements under analysis to be a
trarily chosen as an exact integer product of the signal period. The
gested method minimizes leakage to neighboring elements when retu
to the time domain after the deterministic/stochastic signal separation,
providing a very reliable separation between the two signal componen
both domains. Sound examples will be given for several instruments

5aMUb2. The acoustic analysis of reinforced harmonics.Michael E.
Edgerton, Diane Bless, Susan Thibeault, Margaret Fagerholm~The Univ.
of Wisconsin, Waisman Ctr. #469, 1500 Highland Ave., Madison,
53705-2280, edgerton@waisman.wisc.edu!, and Brad Story ~The Denver
Ctr. for the Performing Arts, Denver, CO 80204!

The relationship between articulation and harmonic reinforcem
among five overtone singers was mapped from analyses of acoustic si
and radiographic data, with much variation found. A dominant feature
reinforced harmonics~R.H.! is the isolation of one harmonic while attenu
ating its neighboring harmonics. This is achieved by laying regions of h
pressure~formants! over the framework of the harmonic series. The
formants are manipulated to reduce the bandwidth which boosts the
lected harmonic and dampens adjacent harmonics. LPC Fourier ana
contrasting normal speech to R.H. production demonstrated that b
width narrowed significantly~at 3 dB down! from 150 to 20 Hz, while
center bandwidth~and selected harmonic! during R.H. increased ampli
tude by 34 dB, and damping of adjacent harmonics decreased ampl
by 30 dB. Next, bandwidth was measured by applying an artificial lar
to two subjects who showed bandwidth narrowing from 258 to 18
center bandwidth frequency increased by 12 dB and damping of adja
harmonics by 14 dB. Last, R.H. production was modeled using a re
1329 J. Acoust. Soc. Am., Vol. 105, No. 2, Pt. 2, February 1999
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thesis program to allow manipulation of formant frequencies, amplitud
and bandwidths of normal phonation to achieve R.H., while R.H. prod
tion was manipulated to attain normallike phonation.

5aMUb3. Time relations between harmonics of violin tones in
dependence on playing techniques. Petr Volný, Jan Štěpánek, and
Václav Syrový ~Musical Acoust. Dept., Acad. of Performing Arts
Malostranske´ nám. 13, 118 00 Praha 1, Czech Republi
VOLNY@H.AMU.CZ!

Particular violin tones were played by a professional violin player
an anechoic room. The tones from the whole violin range, played no
brato using selected bowing techniques~naturale, sul ponticello, sul tasto!
and dynamics of playing~p, mf, f!, were recorded. The analysis based
the short-time Fourier transform was used to compute the time course
amplitudes and frequencies of separated harmonics from the SPL re
ings of the tones. The time characteristics of the time envelopes of
whole tone and his harmonics were calculated in the next step. For
ample, attack time, decay time, and relative starting time were stud
The influence of playing techniques, dynamics, and tone pitch on th
time characteristics was described.

5aMUb4. Harmonic and unharmonic components of violin tones in
dependence on playing techniques.Ondřej Moravec, Jan Sˇ těpánek, and
Václav Syrový ~Musical Acoust. Dept., Acad. of Performing Arts
Malostranske´ nám. 13, 118 00 Praha 1, Czech Republi
MORAVEC@H.AMU.CZ!

Properties of harmonic and unharmonic spectral components of vi
tones played nonvibrato using different bowing techniques~naturale, sul
ponticello, sul tasto! and dynamics of playing~p, mf, f! were studied by
means of suitable analytical methods. The tones from the whole vi
range were recorded in an anechoic room. The shape of the spectra
velope, harmonicity, and amplitude relations among harmonic compon
were observed. Unharmonic components were investigated in three
quency bands separated by fundamental frequency of the tone and b
frequency of the highest ‘‘well pronounced’’ harmonic. Specific analytic
tools and describing quantities were used in each part of the spectrum
dependence of the spectrum on playing techniques, dynamics, and
pitch was discussed.
1329Joint Meeting: ASA/EAA/DEGA



,

an
ake
ning
arity
s. A
arity
od.
the
ute

f
n of
sult
s of

y

ed
y,

ute
ons
jace
use
the
ents
the
ck.

en
the

a
The
l re-

as

,
c,

was
the
2.5
en-
from
out.
the
ann
f th
for

s of
tion
n th

e

y

l

a

o
t
e

s.

of
ls
-
nd

s
-

t
rt
It

e

d
.

5aMUb5. Comparison of five perceptual timbre spaces of violin tones
of different pitches. Jan Štěpánek, Zdeneˇk Otčenášek ~Musical Acoust.
Dept., Acad. of Performing Arts, Malostranske´ nám. 13, 118 00 Praha 1
Czech Republic, STEPANEK@H.AMU.CZ!, and Alois Melka
~AKUSTIKA, 166 29 Praha 6, Czech Republic!

Violin timbre was studied for five tone pitches~H3, F #4, C5, G5, D6!.
A set of violin tones played on different instruments was recorded in
anechoic room. The recordings were subsequently manipulated to we
an influence of tone transient parts on the perception. Two pair liste
tests in headphones were performed for each pitch: timbre dissimil
scaling test and spontaneous verbal description of timbre dissimilaritie
perceptual timbre space was constructed from the results of dissimil
scaling test for each pitch using the multidimensional scaling meth
Projections of verbal descriptions into the perceptual spaces enabled
external interpretation. Some perceptual attributes and pairs of attrib
of violin timbre were established~‘‘narrow,’’ ‘‘rustle,’’ ‘‘soft’’–‘‘sharp,’’
‘‘dark’’–‘‘bright,’’ ‘‘clear’’–‘‘blurred’’ ! based on correlation analysis o
word occurrence frequencies on individual tones and on compariso
word projection coordinates in perceptual spaces. Comparing the re
for five studied pitches it was possible to pronounce the hypothesi
salient violin timbre dimensions.

5aMUb6. Diagnosing dead spots of electric guitars and basses b
measuring the mechanical conductance.Helmut Fleischer ~Inst. of
Mech., Faculty of Aerosp. Technol., Univ. of the Federal Arm
Forces Munich, D-85577 Neubiberg, German
Helmut.Fleischer@rz.unibw-muenchen.de!

The ‘‘sustain’’ of the string signal is considered as a quality attrib
of an electric plucked instrument. In musical practice, distinct locati
are observed on the fretbroad where a string decays faster than at ad
frets. Such ‘‘dead spots’’ originate from the fact that the string may ca
the neck to vibrate. Energy flows from the string to the neck with
consequence that the string vibration decays irregularly fast. Experim
were performed with the aim of finding a measuring approach for
diagnosis of dead spots in terms of the vibration willingness of the ne
Various parameters~decay rate, surface velocity, admittance! were ascer-
tained for a series of electric guitars and basses. Special care was tak
ensure comparable and ‘‘natural’’ boundary conditions. Measuring
mechanical conductance~i.e., the real part of the point admittance! on the
neck with the instrument held in normal playing position proved
straightforward and reliable method for the diagnosis of dead spots.
measuring procedure and instrumentation will be presented. Typica
sults will be given in a compact 3-D representation~conductance versus
frequency for each fret!, evaluated and related as well to the decay rates
to the vibrations of the instrument body.

5aMUb7. Directivity of the violin radiation. Zdeněk Otčenášek and
Václav Syrový ~Musical Acoust. Dept., Acad. of Performing Arts
Malostranske´ nám. 13, 118 00 Praha 1, Czech Republi
OTCENASEK@H.AMU.CZ!

The sound of a violin played by a person in an anechoic room
recorded simultaneously by 16 microphones lying in a circle with
violin in the middle~the angle among the microphone positions was 2
degrees!. To create the sound radiation pattern for the individual frequ
cies, the levels of harmonics were specified in the spectrum obtained
the SPL recordings on the microphones in the given geometrical lay
Next, the violin was excited artificially, by the personal presence of
same player, in the same position as being played by a person. The m
of recording remains unchanged. The constant exciting independent o
frequency enabled the comparison of the directivities of the radiation
different frequencies. Consider the results obtained from both way
violin exciting, a wide range of angles was searched in which the radia
is stable enough even in the sense of listening to tones recorded whe
violin was played by a person.
1330 J. Acoust. Soc. Am., Vol. 105, No. 2, Pt. 2, February 1999
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5aMUb8. Recent results on ‘‘unison quality,’’ or finding objective and
quantitative criteria to decide that a piano is perfectly tuned. Rene E.
Causse, Eric Marandas~IRCAM, 1 place Igor Stravinsky, 75004 Paris,
France!, and Olivier Thomas ~TELECOM, 75634 Paris Cedex 13,
France!

The difference in tuning~mistuning! between the three strings of a
unison group is the parameter used by the tuner to adjust for each note th
double decay of the sound, characteristic of piano tones, generally from
the notes F1 to C5. However, in the case of important irregularities in
hammer stricking, increasing the mistuning to adjust the double deca
~slope and relative level of each decay! is not sufficient and only the
proper adjustment of the regularity of the action of the hammer would lead
to a better temporal evolution of the sound@Causse et al., Proc.
ISMA’98#. To further explore what tuners call ‘‘unison quality,’’ which
means finding objective and qualitative criteria to decide that a piano is
well tuned, the double-decay of the first partials of notes of a piano with
different ‘‘unison qualities’’ and different hammer stricking irregularities
was measured. In parallel, a simple simulation was refined of the vibration
of a unison group of strings where excitation irregularities were simulated
by varying the initial displacements and velocities of the strings. In this
presentation, results of simple listening tests done with piano tuners wil
be presented.

5aMUb9. Space-induced distortion of starting transient of musical
sound. Hrvoje Domitrovic, Mladen Maletic, and Sinisa Fajt~Faculty of
Elec. Eng. and Computing, Dept. of Electroacoustics, Unska 3, HR-10000
Zagreb, Croatia, hrvoje.domitrovic@fer.hr!

Musical sound can be defined as complex sound that begins with
starting transient followed by a~more or less! steady sound and ends with
a decaying sound. After that, continuous movement from one frequency t
the another follows. The rate of change of loudness for partial tones tha
are greater than a certain threshold and their relative starting times ar
different for miscellaneous musical instruments. Recognition of a particu-
lar musical instrument depends upon short starting and ending transient
Relative starting time of the starting transient’s partial is limited by the
rate of change of loudness that is greater than 600 dB/s. The envelope
all rates of change defines the maximum rate of change for loudness leve
and partials that dominates in a certain time interval. The beginning tran
sient is the complex phenomena, assessed with early sound and rate a
synchronized with the rise of loudness and dominant partial tone in the
observed time interval. The just-noticeable threshold of rates of loudnes
change for partial tones for various musical instruments in different acous
tically treated spaces was measured and described in this paper.

5aMUb10. Jazz drummers’ swing ratio in relation to tempo. Anders
Friberg and Andreas Sundstroem~Royal Inst. of Technol., Dept. of
Speech, Music and Hearing, Drottning Kristinas vg 31, SE-100 44
Stockholm, Sweden, andersf@speech.kth.se!

It is common in jazz to perform consecutive eighth notes as long–shor
patterns. Drummers’ performances on the ride cymbal of these long–sho
patterns were measured on excerpts taken from commercial recordings.
was found that the ratio between the long and the short note~swing ratio!
varied substantially with tempo. At slow tempi the swing ratio was as high
as 3.5:1, while at fast tempo it reached 1:1. The absolute duration of th
short note, however, was found to be constant~about 100 ms! for medium
to fast tempi. This suggests the existence of a limit on tone duration an
also that the short note may function as an up-beat to the following note
A similar relation between swing ratio and tempo was also observed in a
production experiment where listeners adjusted the swing ratio of a
computer-generated performance.
1330Joint Meeting: ASA/EAA/DEGA
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5aMUb11. Emotions in the singing voice: Acoustic cues for joy, fear,
anger, and sadness. Esther J. Langeheinecke, Hans-Ulrich Schnitz
~Animal Physiol., Univ. of Tuebingen, 72076 Tuebingen, German!,
Monika Hischer-Buhrmester, and Klaus-Ernst Behne~Inst. fuer
Musikpaedagogische Forschung, Hochschule fuer Musik und The
Hannover, 30175 Hannover, Germany!

Singers can vocally express their emotional interpretation of a mus
piece. The analysis of melodies performed by trained sopranos in
labeled affective states, revealed differences in time, amplitude, spe
and frequency parameters. The tempo was 40% slower in sample
pressing sadness, while other modifications of rhythm showed no emo
specific patterns. Complex amplitude modulations within a tone were
duced to two parameters: the maximum amplitude and its position. In
and anger, that maximum amplitude was higher and appeared e
within a tone. Sound-pressure levels were significantly lower in fear
sadness. The energy distribution in the spectrum, which is reflecting
bre, did not show any differences in the lower harmonics, but the p
amplitude of the singer’s formant~clustering of third to fifth harmonic!
was significantly higher in joy and anger. The extent of the vibrato
characteristic feature for the voice of a trained singer, and the variation
the extent depended on the emotional expression. The linear average
vibrato note’s undulating frequency as an approximation for the perce
pitch differed up to 5 to 10 Hz between emotions, with a tendency
lower frequencies in sadness.

5aMUb12. Effect of timing variations on the categorical perception of
musical rhythm patterns. George Papadelis ~School of Musical
Studies, Faculty of Fine Arts, Univ. of Thessaloniki, Thessaloniki 540
Greece, papadeli@mus.auth.gr! and George Papanikolaou~Aristotle
Univ. of Thessaloniki, Thessaloniki 54006, Greece!

Musical rhythm patterns are mainly characterized by durational r
tionships between their different time levels. As written rhythmic valu
imply, these relationships are graphically represented by simple int
ratios and that fact reflects a basic criterion for their perceptual enco
into discrete perceptual categories. Temporal analysis of any musical
formance reveals that deviations from accurate metronomic timing
very common practice among musicians and these deviations are
ceived either as musical expressivity, or just as inaccurate performan
rhythm. The degree of deviation also affects the categorization of a ce
rhythmic pattern. In the present study, a mapping of the perceptual s
between adjacent rhythm categories was attempted, through a syste
timing variation of simple rhythm patterns, as well as the investigation
theperceptual magnet effect@P. Iverson and P. Kuhl, J. Acoust. Soc. Am
97, 553–562~1995!# at various musical tempi. Sixteen musicians parti
pated in identification, goodness rating, and discrimination tasks. The
tive strength of the prototype within each category was determined
well as the change in the position of category boundaries in diffe
tempi. Discrimination graphs were finally plotted and comparisons w
performed between the positions of discriminability peaks and the rel
category boundaries.

5aMUb13. Simulation of vacuum-tube amplifiers. Markus Sapp, Jo¨rg
Becker, and Claas Broue¨r ~Inst. of Commun. Eng., Aachen Univ. o
Technologie, 52056 Aachen, Germany!

Vacuum tube amplifiers are said to add ‘‘warmth’’ to an audio sign
They are used for subtle signal modifications as well as soft soun
distortions. But since most signal processing for musical recording
performed in the digital domain, algorithms for a digital simulation of t
F
R
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desired effects produced by tube amplifiers would be useful. In the w
presented here two approaches are followed. The first is based on
simulation of the characteristic transfer curves~waveshaping! combined
with a frequency response correction. In the second, more complex
the complete electronic circuit is simulated using an analog behavi
model of the vacuum tube. The output signals of the simulations are c
pared to the output of a real vacuum tube preamplifier analytically as w
as within listening tests. The computational cost for a real-time implem
tation of the different algorithms is set into relation to the simulati
results.

5aMUb14. Polarity of noise and musical tone in a phenomenologica
point of view. Jürgen Vogt and Elmar Lampson~Inst. for the Studium
Fundamentale, Univ. Witten/Herdecke, Alfred-Herrhausen-Str.
D-58448 Witten, Germany!

In direct observation, noise and musical tone are polar phenom
Think of the noise of a falling coin: usually nobody will listen to th
quality of this sound but he will immediately think of a falling coin. T
perceive a musical tone, inward experience has to be accepted. Alth
this experience seems to be subjective, a musical tone has an unequ
and universal quality, whereas noise is diffused and chaotic. Starting f
this polarity, an arrangement of the phenomena between noise and to
deduced. There are two paths:~1! By reduction of the chaotic features o
noise, the modes of vibration become simpler. In the end, simple tone
heard or can be ‘‘filtered’’ out by attention.~2! Some or all modes of
vibration can lock in the harmonic frequencies as a universal law. The
path is called composition: for a sound which is classified near one of
poles, the significance of the other pole is decreased. The second is c
intensification ~according to J. W. Goethe’sFarbenlehre!: a harmonic
sound still has multimode features and sounds characteristic. Sim
neously the tone becomes richer.@Work supported by the Anthroposo
phische Gesellschaft in Deutschland e.V.#

5aMUb15. Physico-acoustical properties of emission affected
resonance spruce wood. Emil Rajcan and Stanislav Urgela~Dept. of
Phys. and Appl. Mech., Tech. Univ. in Zvolen SK-960 53 Zvole
Slovakia, emil@vsld.tuzvo.sk!

High-quality resonant spruce wood for violin top plate and wood fro
traditional Slovak resonant spruce locality with various degrees of em
sion damage were studied experimentally. The modal analysis was
on quarter-cut spruce plates of wedge shape typical for violin mak
Acoustical resonance and holographic interferometry were used to m
sure the relevant physico-acoustical characteristics. These characte
~density, Young’s modulus, and acoustical constant! were obtained by
using the bending beam vibration mode~2,0!. The obtained results showe
that the sorting of resonant spruce wood for violin based on empir
experiences has a physico-acoustical reason, and actual industrial
sions have not significant influence on relevant physico-acoustical cha
teristics of investigated resonant spruce wood.
5a
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Chair’s Introduction—7:55

Invited Papers

8:00

5aNSa1. Prospects for active noise control in power plants.Glenn E. Warnaka~Appl. Acoust. Res., L.L.C., 2120 Old Gatesburg
Rd., State College, PA 16803! and Bruce E. Walker ~Hersh Acoustical Engineering, Inc., Westlake Village, CA 91361!

Active noise control has been applied in power plants to suppress noise from a variety of sources. Applications have included
combustion fans, large exhaust stacks, emergency diesel generators, dust collectors, high temperature exhausts, etc. Active noise
control systems have been used to control the noise from fan blade passage frequencies, turbine blade frequencies, and other simila
noises. In addition, tests have been successful in suppressing random noise, especially at low frequencies. Active noise control has
also been used to extend high-frequency attenuation beyond the usual frequency range by using the active noise control systems to
spoil the symmetry of the duct and so prevent cross-mode formation. In other cases, active noise control has been coupled with known
elements of passive noise control to achieve synergistic results. Active noise control sources can be protected from difficult environ-
ments such as high-flow velocities, weather, and high temperatures by using waveguides or Helmholtz resonators between the active
sources and point of attack in the environment. This paper presents a view of future developments in active noise control that can be
realized by the extension of current active noise control methods to new and challenging applications.

8:30

5aNSa2. Modern methods for attenuation in ductwork and silencers. F. P. Mechel ~Landhausstrasse 12, D-71120 Grafenau,
Germany!

Silencers in power plant ductwork should find a good compromise between the~generally rather high! needed sound transmission
loss and the static flow pressure loss induced by them. The annual costs of the electric power consumption created by a silencer may
exceed the costs of investment. Modern design possibilities will be displayed. All of them can be computed with the instrument of
mode analysis. On the classical background, that attenuation is concentrated in broadband silencers with straight, homogeneous
linings, the following improvements will be illustrated with examples. First, because a broadband silencer needs thick linings for low
frequencies and small free duct width for high frequencies, both increasing the static pressure loss, subdivide the silencer in sections
for different frequency subbands, with stepping lining thicknesses and duct widths. It will be indicated how such steps can be
computed Second, insert the necks of Helmholtz resonators between lining sections designed for medium and high frequencies. The
resonator volumes are behind the lining sections. The increase in silencer length is very small; the increase in thickness is small,
because the main extension of the resonator volumes is in the duct direction. Such resonators may be designed for an efficient
low-frequency additional attenuation. Third, duct elbows with their static pressure losses exist anyhow in most ductworks. They can
be designed as very efficient high-frequency silencers, thus permitting to avoid the narrow lining spacings in the silencer. Criteria for
good corner silencers will be illustrated. Fourth, most silencers in a ductwork begin and end with a conical duct transition. If they are
rigid, their combined effects are small. If, however, they are suitably lined, they can produce remarkable additional attenuation.

9:00

5aNSa3. Turbine exhaust noise radiated by stack walls and tops.Walter F. L. Reinicke ~Müller—BBM GmbH, Planegg,
Germany!

Rapid progress in noise abatement of plants enforced by the German environmental legislation caused the reduction of, among
others, the stack noise due to ventilators and combustion machines of power plants whereas flow noise inside and traffic noise outside
the stack remained unchanged. This paper refers to investigations supported by the German Umweltbundesamt in 1981 when power
plants were equipped with flue gas desulfurization units. The goal was to calculate the sound transmission in steps: Reflection of
1332 1332J. Acoust. Soc. Am., Vol. 105, No. 2, Pt. 2, February 1999 Joint Meeting: ASA/EAA/DEGA
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sound power induced to the stack, attenuation in the series of wide tubes, directivity of radiation from the opening with hot gas flow,
and influence of wind on directivity. This holds also for combustion turbines~CT! where the influence of gas temperature on the
directivity index and of the coupling with wind is stronger. Measurements of this effect at real turbines, however, failed, and there are
only a few results of sound attenuation in the stack tube of CT combined with HRSG at lower temperatures. Typical ratios of sound
power radiated by the wall and the opening of stacks will be presented on the basis of measured and calculated transmission loss data
of steel tube walls.

9:30

5aNSa4. Limiting technology for combustion turbine power plants—how quiet can we make them?Frank Brittain ~Bechtel
Corp., 50 Beale St., San Francisco, CA 94105!, Norbert Kirschfink ~Hamon and CIE S. A., Brussels, Belgium!, and David Parzych
~Power Acoust., Inc., Orlando, FL 32828!

There is a demand for ever quieter combustion turbine power plants. As the community noise limit goes down, the cost and impact
of the noise controls on the design increase. At some point, the noise controls significantly affect the size of the plant and the cooling
device~cooling tower or air-cooled condenser!. This is caused, in part, by silencer self-noise and because the octave bands controlling
the A-weighted noise level decrease to include the 31.5-Hz band. While meeting almost any noise limit is considered technically
feasible, the cost and impact on the design can become excessive. Several low-noise limits that have been met by several existing
plants are reviewed. A specific combined-cycle power plant is used to investigate the impact of lowering noise limits. An indoor plant
is used, because adequately controlling the multitude of sources for an outdoor plant is not considered feasible. The noise controls that
are expected to be needed to meet various A-weighted noise limits are identified. Limits at which costs for these become excessive or
start affecting the size of the plant and cooling device are estimated. While no cost estimates are provided, several definitions of
excessive are made.

10:00–10:10 Break

10:10

5aNSa5. Feasibility of meeting a limit of 85 dB everywhere inside a power plant.Ulrich Scholz ~ABB Turbo Systems, Thermal
Machinery Lab., Dept. of Acoust., CH-5401 Baden, ulrich.scholz@chtus.mail.abb.com!

In recent years the importance of acoustics in the construction of industrial plants has greatly increased. According to many
regulations an employee may not be exposed to an 8-h time-weighted average A-weighted sound level of more than 85 dB. The
requirement 85 dB at any point is easy to check, even for a nonacoustician. Therefore, a SPL of 85 dB became a standard value in
areas with no permanent working places, such as in noisy areas of power plants. Acoustic design in a power station must be handled
thoroughly, consistently, and competently. To achieve an optimum solution the plant must be treated as a whole. Knowledge is needed
of the processes within power station systems, the components, and their acoustic characteristics, as well as of architectural acoustics
and thermoacoustics. The redevelopment of the cogeneration power station ‘‘Berlin Mitte’’ is used to illustrate the acoustic engineer-
ing for a project with stringent indoor requirements. The approach used, noise reductions needed, and noise controls selected are
reviewed. The requirement of a level of 85 dB in the near field was achieved. One special highlight was the steam turbine by-pass
system, for which the standard design causes 98–108 dB.
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10:40

5aNSa6. Noise control as a revenue enhancer.Bennett Brooks
~Brooks Acoust. Corp., 27 Hartford Turnpike, Vernon, CT 0606
bbrooks@brooks-acoustics.com!

A small ~1.6-MW! power plant was designed to a very strict noi
specification. As the various noise sources in plant design iterations
reduced in level, the engine coolers emerged as important noise sou
Noise design requirements dictated that the cooler fan tip speed be si
cantly reduced. Cooling requirements led to a necessary increase i
diameter and thus general size of the cooler tube bundles and su
structure, at greater acquisition cost. However, the slower fans requ
smaller electric drive motors. The reduced parasitic load of the sma
motors enabled the plant to export more electric power for revenue.
added investment in quiet fans was recouped in 13 months of opera
1333 J. Acoust. Soc. Am., Vol. 105, No. 2, Pt. 2, February 1999
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11:00

5aNSa7. How to accurately distinguish between industrial and traffic
noise—New statistical methods for the acquisition and evaluation of
data. Sergio C. Martinez ~TÜV Rheinland, Am Grauen Stein, D-5110
Köln, Germany!

Statistical methods are used to analyze long-time data series an
distinguish between industrial and traffic noise. Different approaches m
be observed for the interpretation of measured data and for the rela
influence of noise sources: linear or energetical superposition, and add
or product of mathematical probabilities. Consistent results are avail
with these methods. Numerical simulations furthermore reduce poss
errors. Data series at additional emmission points are used to obtai
1333Joint Meeting: ASA/EAA/DEGA
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dundant parameters in the given environmental conditions. Numerical
culations are presented on the problem of linear or energetical super
tion and the application of them on two real-life-scenarios. The progres
the application of these methods@S. C. Martinez, Fortschritte der Akustik
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i-
DAGA 95, 77–85~1995!# will be demonstrated. Special emphasis will b
put on some possible errors in the application of the guideline VDI 37
~application of statistical methods for the description of variating ambie
noise levels!.
Contributed Poster

This poster will be on display in the Poster Gallery from Thursday to Friday, 18–19 March. Author will be at the poster from 2:00
p.m. to 4:00 p.m. on Friday, 19 March.
rge
ted
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-
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5aNSa8. Measurement methodology for sound power levels o
industrial noise sources. Willy Bruyninckx, Luc Kelders, Walter
Lauriks, and Jan Thoen~Laboratorium voor Akoestiek en Thermisch
Fysica, Katholieke Univ. Leuven, Leuven, Belgium!

For the purpose of noise impact evaluation of industrial noise sour
one often needs reliable values of the sound power levelLRW of an entire
,

plant or large parts of it, where one quite often has to do with a la
number of distributed noise sources. A methodology will be presen
which is based on sound-pressure level measurements at a suffici
large number of points distributed around a plant, resulting in noise c
tour maps allowing the calculation ofLRW . The method has been com
pared with other approaches in a well-controlled free field setting o
simple combination of noise sources.
N
FRIDAY MORNING, 19 MARCH 1999 ROOM H2013, 8:00 A.M. TO 12:00 NOO

Session 5aNSb

Noise: Road Traffic Noise I

Steven Heinrich, Cochair
TUEV Automotive GmbH, Kaiserstrasse 100, 52134 Herzogenrath-Kohlscheidt, Germany

Richard F. Schumaker, Cochair
General Motors N.A. Proving Ground, MC483-356-006, Milford, Michigan 48380, USA

Invited Papers

8:00

5aNSb1. Reduction of road traffic noise: The legislature’s point of view. Reiner Stenschke and Michael Jaecker
~Umweltbundesamt, Postfach 330022, D-14191 Berlin, Germany!

Measures to improve motor-vehicle technology play an important role in the reduction of road traffic noise. Therefore, appropriate
noise control regulations must ensure that all possibilities for reducing noise levels through technical vehicle-related measures are
exploited. An important basis for achieving this is the introduction of a test method for motor vehicle type approval that depicts the
driving and operating modes occurring in real traffic as closely as possible, so as to ensure that future noise limit value reductions will
influence noise emissions in real traffic more effectively than has been the case to date. Furthermore, there is the need for a separate
noise emission regulation for tires that ensures that tires introduced to the market satisfy ambitious noise criteria. In addition, it must
be ensured that low-noise road surfaces are used when road surface renewal work is carried out on noisy streets in particular. An
essential requirement for reducing road traffic noise is that noise control regulations are complied with by all vehicles throughout their
lifetimes. To this end, a concept for improving the efficiency of compliance monitoring must be developed. The contribution will
present available results and report on planned activities in this field.

8:20

5aNSb2. How to reduce tire/road noise: Chances and limits. Frank Gauterin ~Continental AG, Jaedekamp 30, D-30419
Hannover, Germany, gauterin@conti.de!

Tire/road noise is an important sound source for traffic noise. Measures for tire/road noise reduction are reviewed and discussed
concerning chances and limits for a traffic noise reduction. Vehicle layout, tire construction, road specification, and legal requirements
are taken into account.
1334Joint Meeting: ASA/EAA/DEGA
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8:40

5aNSb3. A spatial analysis of topographic and vegetation factors
affecting the propagation of highway traffic noise. John C. Bennett
~Dept. of Geography, San Diego State Univ., 5500 Campanile Dr.,
Diego, CA 92182-4493, jbennett@rohan.sdsu!

This paper presents the results of a spatial analysis of measured
levels with environmental factors derived from a geographic informat
system~GIS!. The more traditional methods used by the Federal Highw
Administration~FHWA, 1978 and 1982! are range limited and not suitabl
for large-scale topographic variation near a freeway noise source. Ove
field measurements of noise levels were collected along a freeway in
Diego County that included a heterogeneous landscape of mesas an
leys. A digital elevation model and a vegetation map of the study a
have been incorporated into a GIS to evaluate a suite of environme
factors. Topographic features limit the line-of-sight analysis traditiona
used in the past and new variables of landscape ‘‘ensonification’’
slope configuration are shown to bridge part of that gap in this study

9:00

5aNSb4. Prediction of traffic noise control by forests using a three-
dimensional GFPE model. Nicolas Barriere and Yannick Gabillet~Ctr.
Scientifique et Technique du Batiment, 24 rue J. Fourrier, 38400 St. Ma
d’Heres, France, barriere@cstb.fr!

To predict outdoor sound propagation through forests, multiple nat
effects have to be taken into account such as ground effects and m
rology that vary along the path of propagation as well as horizontal tr
scattering effect. It is of great interest, for engineering applications
know the weight of the different effects. A previous work with a tw
dimensional model has shown the interest of an infinite forest band@N.
Barriere and Y. Gabillet, Proceedings of Euro-noise 98, Munich#. The
prediction method is based on a theory for fast calculation of the parab
equation@K. E. Gilbert, J. Acoust. Soc. Am.94, 2343–2352~1993!#, and
has recently been developed at the CSTB for a three-dimensional s
propagation. This method allows prediction of noise attenuation due
forest band of finite length with its corresponding, ground, meteorologi
and scattering effects. Results show the great interest of forests on t
noise control.

9:20

5aNSb5. A numerical method to predict sound propagation for
realistic road environments. Benoît Gauvreau and Michel C. Be´rengier
~Laboratoire Central des Ponts et Chausse´es, Ctr. de Nantes, Rte. d
Bouaye, BP 19, 44340 Bouguenais, France, Michel.Berengier@lcpc.!

When dealing with traffic noise propagation over large distances, m
els assuming flat and homogeneous grounds and homogeneous atmo
are not sufficient to have an accurate prediction. A first improvement
obtained by many authors who worked on new theoretical approa
individually dealing with the influence of mixed grounds, stratified atm
sphere, noise barriers, etc. on sound propagation. Thus, many models
built. In order to predict sound pressure levels for complex conditi
representative of realistic traffic noise situations, a model based on
resolution of the wave equation through a parabolic approximation
been developed. The problem is numerically solved for various condit
including mixed grounds, upward and downward refracting turbulent
mospheres, and the presence of noise barriers producing a variation
sound celerity profile along the propagation path between the source
the receiver, over several hundred metres. The numerical approa
based on the split-step Pade´ technique mainly developed and recent
improved by the acoustic group of the Ecole Centrale in Lyon, Fra
@Chevretet al., J. Acoust. Soc. Am.100, 3587–3599~1996!#. Interesting
comparative results with other theoretical approaches and experim
data have been obtained and will be widely developed in the paper.
1335 J. Acoust. Soc. Am., Vol. 105, No. 2, Pt. 2, February 1999
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9:40–10:00 Break

10:00

5aNSb6. Simnoise: A new low-traffic-flow road noise estimation by a
statistical approach. Gaetano Licitra, Mauro Cerchiai, and Silvia
Canessa ~A. R. P. A. T. ~Environ. Protection Agency of Tuscany!, Dept.
of Livorno—Environ. Phys., Via Marradi No. 114, I-57126 Livorno, Italy
fisica@luda.it!

Road noise models usually limit the possibility of sound-level pred
tion with low vehicular fluxes, especially during the night period, becau
they provide urban traffic noise with a minimum number of some hu
dreds of vehicles per hour. In order to predict sound levels in urban ar
for both night and day periods and to plan corrective actions, a model
can be applied in case of very low traffic flows~even lower than 50
vehicles for hour! is proposed here. This model uses a Monte Car
method based on a dependent Poissonian vehicle distribution, a sp
Gaussian one with respect to the lane center, and a Cauchy distributio
velocities. These are estimated using the English Road Research Lab
tory model, calibrated using only geometrical site description and vehi
lar fluxes informations, based on 75 measurement points in a speed r
between 20 and 60 km/h, for almost 230 hourly nightLeq levels. The
prevision values resulted in good agreement with actual values with
error depending on the entries. For the range between 10–2000 vehi
an error was observed of about 1–2 dB on the actual value.

10:20

5aNSb7. A theoretical tire model based on the general field equations.
Krister Larsson and Wolfgang Kropp~Dept. of Appl. Acoust., Chalmers
Univ. of Technol., S-412 96 Goteborg, Sweden!

Most of the models for the structure-borne sound behavior of tires
designed for the low-frequency range~i.e., below 300–400 Hz! and often
contain the geometrical details of the tire. Above this frequency range
curvature of the tire can be omitted while the internal structure~i.e., mul-
tilayers of steel and rubber! increases in importance. For this higher
frequency range, a model has been developed based on the genera
equations. The model consists of a double-layered thick plate, represen
the tire belt, which is prestressed due to the internal pressure in the tire
elastic bedding supports the plate, in order to take into account the c
pression of the air inside the tire cavity and also to take into account
influence of the side walls on the belt. Both the radial and the tangen
motions in the belt are included, since the model is based on the gen
field equations. The model also incorporates the effect of the local de
mation of the soft rubber surface. Results from the model are compa
with results from other models from the literature and with measureme

10:40

5aNSb8. Modeling of traffic noise pollution with neural networks. A.
I. El Mallawany ~Housing & Bldg. Res. Ctr. Dokki, P.O. Box 1770,
Cairo, Egypt, hbrc@idsc1.gov.eg!, M. I. Abdallah ~Zagazig Univ.,
Zagazig, Egypt!, and M. Abd El Gawad ~Housing & Bldg. Res. Ctr.
Dokki, Cairo, Egypt!

A neural-network-based model for evaluating and predicting the me
energy and the noise pollution level of the traffic noise in the city of Ca
is developed. A comparison between the different prediction models w
carried out, and the neural model was shown to be associated with m
mum error. In conclusion, the neural model can be used to make syst
atic predictions of noise level, and provide planners with some suita
means for formulating legal regulations for urban noise pollution.
1335Joint Meeting: ASA/EAA/DEGA
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11:00

5aNSb9. A simulation model for urban traffic noise. A. Di Giulio
~Dept. of Mech. Eng., Politecnico di Milano, Piazza Leonardo da Vinci
20133 Milano, Italy, augusto.digiulio@polimi.it!, F. Mancosu ~Pirelli
SpA!, C. Nucci, and L. Zocchi ~Politecnico di Milano, Milano, Italy!

Urban traffic noise is studied by a simulation model whose main f
tures are the following: effects of traffic lights, speed limit, possibility
vehicles overtaking, and driving styles. In the model there is a basic
sumption about driver’s behavior~‘‘follow the leader’’!, considering the
case of straight and level road with two lanes for every carriageway,
two traffic lights. Three driving styles are considered: A~‘‘quiet driver’’ !:
change of gear at 60% of engine speed corresponding to maximum to
B ~‘‘normal driver’’ !: at 80%, C~‘‘fast driver’’ !: at 100%. The behavior
rules provide for: keeping of safety distance, overtaking if there are
hicles at different speeds, deceleration and stop at traffic lights with
synchronization of two traffic lights, if requested. From the kinematic si
the model was validated by comparison with acceleration distribution
real vehicle’s flow, while the acoustic one was by the comparison w
noise levels measured along urban streets. The simulation model let
take into account the following factors concerning the traffic noise em
sion: main noise sources of vehicle~tires, engine, intake and exhaust sy
tem!, traffic flow and maximum speed allowed, traffic mix as rega
different driving styles.

11:20

5aNSb10. Sound field studies of truck tires. E.-U. Saemann
~Continental A. G., Jaedekamp 30, D-30419 Hannover, Germa
saemann@conti.de!, J. Hald, and A. Schuhmacher~Bruel & Kjaer A/S,
Skodsborgvej 305, DK-2850 Naerum, Denmark!

To understand the noise source mechanism of tire/road noise b
than in the past, it is essential to look at the complete sound field of a
In the technique of spatial transformation of sound fields~STSF!, the
Helmholtz integral equation is combined with the acoustical near-fi
ition
a

1336 J. Acoust. Soc. Am., Vol. 105, No. 2, Pt. 2, February 1999
,

e
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holography. Thus it is possible to analyze the noise source in great de
and to calculate the sound in the far field. A drawback of the acoustic
holography is that only planar views of the sound field can be calculate
One method to overcome this limitation is to combine the measurem
results of STSF with the inverse boundary element method. By model
the surface of the tire with boundary elements, the velocities on ea
element can be identified. First results will be presented. Comparing
sound field of a standing tire excited by a shaker with the sound field o
tire on a drum, it is possible to extract the part of the sound field that
caused by the geometry on the tire only.

11:40

5aNSb11. Low noise road surfaces in the Federal Republic of
Germany. State of the art. Siegfried Ullrich ~Bundesanstalt fu¨r
Straßenwesen, PF 100150, D-51401 Bergisch Gladbach, Germany!

The texture of road surfaces influences the rolling noise of cars a
trucks. High texture depths cause high noises by the incitation of tire tre
vibrations. Low depths favor the generation of aerodynamic noise sour
in the tire tread, for example, air pumping. This type of noise can b
suppressed by open surfaces on wearing courses with high void conte
As coatings with low diameter gritting material on worn concrete showe
air pumping noises can also be reduced on closed road surfaces. But t
on gussasphalt turned out to be not very successful thus far. The gre
part of the rolling noise on such surfaces is apparently caused by a wa
ness with wavelengths between 3 and 6 cm, which could be caused by
embedment of chippings. A similar reason seems to be responsible for
limited noise reduction on concrete surfaces with burlap finishings. Me
surements at a 5.5-m-diam internal drum with sandpaper surfaces
different grittings on asphalt concrete allows the hope that the rollin
noise of car tires can be reduced by several decibels, if road surfaces
gritted by small diameter stones from a small fraction without oversize
.

k
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Physical Acoustics: Radiation and Relaxation

D. Keith Wilson, Cochair
U.S. Army Research Laboratory, 2800 Powder Mill Road, Adelphi, Maryland 20783, USA

Leif Bjo”rno”, Cochair
Department of Industrial Acoustics, Building 425, Technical University of Denmark, DK-2800 Lyngby, Denmar
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8:00

5aPAa1. Analytic expressions for the far-field transition distance for
localized waves. David Chambers ~Lawrence Livermore Natl. Lab.,
P.O. Box 808 L-372, Livermore, CA 94551, chambers2@llnl.gov! and
Arthur Gautesen ~Iowa State Univ., Ames, IA 50011!

Expressions estimating the distance to the near-field/far-field trans
point are obtained for the problem of a localized wave emitted from
circular aperture. These expressions are based on bounding the erro
tween the exact diffraction integral and its far-field approximation. T
resulting formulas involve integrals over the normal velocity distributi
within the aperture. They can be evaluated for both narrow- and bro
band pulses. For the special case of a single frequency with uniform
tial weighting, the predicted transition distance is the standard Rayle
range. The expressions are evaluated for a number of localized wave
compared with numerical simulations of the full fields on axis.
1336Joint Meeting: ASA/EAA/DEGA
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8:20

5aPAa2. Moment method calculation of radiation from a cylindrical
tube with an infinite flange. Noam Amir, Chaim Matzner ~Commun.
Eng. Dept., Ctr. for Technol. Education, Holon, 52 Golomb, Holon 581
Israel, noamoto@wine.cteh.ac.il!, and Samuel Shtrikman ~Weizmann
Inst. of Sci., Rehovot 76100, Israel!

This work addresses the calculation of acoustic radiation from a cy
drical tube with an infinite flange, using the moment method. Express
for the acoustic variables are presented in three separate regions: insi
tube, outside the tube, and on the boundary between them. Examinati
the velocity field on this boundary shows that a singularity is present a
corner where the tube and flange meet. A set of basis functions is
developed, which can model this singularity efficiently, resulting in a
lution that converges very rapidly. This is demonstrated by a compar
to a solution of the same problem, using the normal modes of the tub
basis functions. The present results are compared with those for the r
tion from an unflanged tube, as given in the classic paper by Lewin
Schwinger.

8:40

5aPAa3. Acoustic performance of finite-length apertures using finite-
element analysis. Richard Lyons ~Dept. of Civil and Bldg. Eng.,
Loughborough Univ., Loughborough LE11 3TU, UK
r.lyons@lboro.ac.uk.!, Patrick C. Macey ~PAFEC Ltd., Nottingham NG8
6PE, UK!, and Jane L. Horner ~Loughborough Univ., Loughborough
LE11 3TU, UK!

There is a wide range of published literature covering ducts of infin
or semi-infinite length and to a lesser extent there are studies on ape
having restricted dimensions. The work presented in this paper is ta
from recent research into the characterization of acoustic devices in fi
length apertures, which may need to allow for a flow of fluid. Results o
finite-element solution for a short duct between two half spaces are
sented, along with a closed-form solution@K. H. Jun and H. J. Eom, J
Acoust. Soc. Am.98, 2324–2327~1995!# as a validation of the finite-
element method. Further results of more complicated aperture geom
which are not easily amenable to such forms of solution, have also b
investigated and are presented.

9:00

5aPAa4. Influence of the frequency-range broadening for the value of
the acoustic vibrational relaxation time. Bogumil B. J. Linde ~Inst. of
Exp. Phys., Univ. of Gdansk, Wita Stwosza 57, 80-952 Gdansk, Pol
fizbl@univ.gda.pl! and Nikolaj B. Lezhnev ~Acad. of Sci. of
Turkmenistan, Gogola 15, 74-000 Ashgabat, Turkmenistan!

This paper deals with the many acoustical investigations, provided
some scientists~Rapuanoet al.!, in two liquid compounds: benzene C6H6

and carbon disulfide CS2 . These compounds are typical liquids where o
can observe the acoustical relaxation combined with Kneser process
energy transfer between translational and vibrational degrees of free
Acoustical values, a characteristic of the compounds, were differen
many papers and the goal was to try to explain these discrepancies
1337 J. Acoust. Soc. Am., Vol. 105, No. 2, Pt. 2, February 1999
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show how it is possible to avoid these mistakes. The main problem
experimentally determining the relaxation time from the dependence
absorption and frequencies was the narrow frequency range.

9:20

5aPAa5. Universal local state equation for description of exponential
and resonant relaxation at sound-wave propagation. German A.
Maksimov and Vladimir A. Larichev ~Dept. of High Density Energy
Phys., Moscow Eng. Phys. Inst., Kashirskoe sh. 31, Moscow, 1154
Russia, maximov@dpt39.mephi.ru!

The generalization of the thermodynamic theory of internal paramete
@L. I. Mandelshtam and M. A. Leontovich, Sov. Phys JETP7, 438–444
~1937!#, which leads to a description of medium response in terms
exponential relaxations, is presented in the report for the case of reson
relaxations. The basis of this generalization is an alternative formulati
of Onsager’s principle of kinetic coefficient symmetry for values of dif
ferent symmetry at time inversion. Using this fact, the generalized loc
linear state equation is derived for medium holding in the vicinity o
thermodynamic equilibrium. It is shown that the developed state equat
is an exhaustive one for the description of linear response of medium
the framework of local models. The variety of dispersive and dissipati
properties, which is described by the generalized state equation, is d
onstrated for the case of the single process of resonant relaxation. I
shown that all the existing local models of linear response of medium a
the particular cases of the generalized state equation.@Work supported by
ISTC in Moscow.#

9:40

5aPAa6. Propagation of a short acoustic pulse in a medium with two
relaxation processes. Exact solution. German A. Maksimov and
Vladimir A. Larichev ~Dept. of High Density Energy Phys., Moscow
Eng. Phys. Inst., Kashirskoe sh. 31, Moscow, 115409, Russ
maximov@dpt39.mephi.ru!

Shape distortion of a short acoustic pulse during its propagati
through relaxation media is an important source of information about r
laxation time’s spectrum~RTS!. The basic relations for pulse acoustic
diagnostics were developed in the work@G. A. Maksimov, Acoust. Phys.
42, 541–550 ~1996!# by using known exact solutions as well as
asymptotic analysis. Only two exact solutions for short-pulse distortio
due to relaxation are known at present. They are the solution for sin
relaxation process@J. A. Morriso, Q. Appl. Math.14, 153–169~1956!; J.
D. Achenbach and C. C. Chao, J. Mech. Phys. Solids.10, 245–252
~1962!# and the solution for the distributed spectrum being proportional
inverted relaxation time@S. Z. Dunin and G. A. Maximov, Izv. ANSSSR
Appl. Math. Mech.54, 480–484~1990! ~in Russian!# . The new analytical
representation of Green’s function for pulse propagating in media w
two relaxation processes is obtained. This representation consists of th
parts, which describe acoustic precursor as well as high- and lo
frequency components of pulse body. The high-frequency component
be written in an invariant form that is fair for arbitrary RTS. The low
frequency component has more complicated dependence on paramete
RTS. The analysis of this dependence is made and analytical express
are obtained. The usefulness of these expressions is confirmed by c
parison with results of direct numerical calculations.
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Volker Mellert, Cochair
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Chair’s Introduction—10:15

Invited Papers

10:20

5aPAb1. Current progress and problems in atmospheric acoustics.Margarita A. Kallistratova ~Obukhov Inst. of Atmospheric
Phys., 3 Pyzhevsky, Moscow 109017, Russia, margo@omega.ifaran.ru!

The problems of basic and applied research in the area of atmospheric acoustics are elucidated. Main results are reviewed from the
theoretical and experimental investigations of audible and infrasonic wave propagation in the atmosphere which were carried out
during the last few decades. The role of the acoustic techniques in studying the structure and dynamics of meteorological fields is
discussed. The data are given on a practical use of echo sounders~SODARs! and the systems of radio acoustic sounding~RASS! in
monitoring the atmospheric boundary layer parameters. Some other practical applications of the acoustic methods in the atmosphere
are considered. A number of problems are formulated, whose solution is necessary for a further advancement of atmospheric acoustics
and for the use of the acoustic techniques in studying the lower and middle atmosphere.@Work supported by INTAS through Grant
No. 96-1869 and RFBR through Grant No. 96-05-65741.#

11:00

5aPAb2. Scattering of sound in a stratified moving atmosphere.V. E. Ostashev, G. H. Goedecke, and R. C. Wood~Dept. of
Phys., Box 30001, New Mexico State Univ., Las Cruces, NM 88003-8001!

An equation derived recently for the sound-scattering cross section per unit volume in a stratified moving atmosphere is presented.
The dependence of the temperature and wind velocity contributions to the cross section on the scattering angle is studied in detail
analytically and numerically for different stratifications of temperature and wind velocity. Such studies are important for acoustic
sounding of the atmosphere by sodars since the equation for the sound scattering cross section is a theoretical basis for this remote
sensing technique. It is shown that both temperature and wind velocity fluctuations contribute to the backscattering signal if the wind
velocity is not zero at the height of scattering. This means that a signal received by a monostatic sodar is a linear combination of the
structure parameters of both temperature and wind velocity fluctuations, while it has previously been assumed that this signal is
proportional only to the structure parameter of temperature fluctuations. The new results obtained should be taken into account in
existing techniques of acoustic remote sensing of the atmosphere.@This material is based upon work supported by the U.S. Army
Research Office under Contract Nos. DAAG55-98-1-0463 and DAAG55-97-1-0178.#

11:20

5aPAb3. Advances in acoustic remote sensing of the atmosphere at the IAO SBaa RAS.Nikolai P. Krasnenko ~Inst. of
Atmospheric Optics, 1, Akademicheskii av., Tomsk 634055, Russia, aa zuev@iao.tomsk.su!

Advances in acoustic remote sensing of the atmosphere made at the Institute of Atmospheric Optics of the Siberian Branch of the
Russian Academy of Sciences~Tomsk, Russia! for a 24-year period are considered. Sodars developed at the IAO are described.
Results of theoretical analysis of methods for acoustic sounding of the atmosphere are presented including the interaction of the
acoustic radiation with the atmosphere, optimization of the sodar parameters, and accuracy of sodar measurements of the atmospheric
parameters. The emphasis is on investigations of the effect of acoustic refraction on the sodar operation as well as on search for new
information capabilities in acoustic sounding. Results of investigations of the parameters of the atmospheric boundary layer above dry
land and ocean and airports with the sodars developed at the IAO are given. Sodar-derived data are compared with the results of lidar
sensing and ballon and radiozonde measurements of the atmospheric parameters.

11:40

5aPAb4. On acoustic sounding of large-scale turbulence in the middle atmosphere.Sergey N. Kulichkov ~Inst. of Atmos. Phys.,
Russian Acad. of Sci., Pyzevsky 3, Moscow 109017, Russia!

The possibilities of the bistatic acoustic method to measure sound turbulence with vertical and horizontal scales equal to 10–1000
m and 1–100 km correspondingly in the middle atmosphere (z520280 km) are discussed. More then 60 surface explosions with
yields of 20–70 tons realized in different seasons during 1989–1991 were used as sources of the initial acoustic pulses. The receivers
were placed at distances of 300 and 310 km toward the West and the North from the sources, respectively. Infrasound signals scattered
1338 1338J. Acoust. Soc. Am., Vol. 105, No. 2, Pt. 2, February 1999 Joint Meeting: ASA/EAA/DEGA
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nston,
from large-scale turbulence in the middle atmosphere and recorded on the ground surface in the geometric shadow of explosions were
analyzed. The theoretical approach was based on the theory of Fresnel reflection of sound from anisotropic acoustic refractive index
irregularities in the approximation of a local-layered structure. It was found that intense turbulence exists in the middle atmosphere
during all seasons, with the maximum in July. Vertical gradients of the effective sound velocity in the middle atmosphere are
characterized by great values, which earlier were observed only in the atmospheric boundary layer. Samples of the profiles of those
obtained for different seasons are presented.

12:00

5aPAb5. Dislocations in the wave front of acoustic waves propagating through thermal turbulent fields.Ph. Blanc-Benon and
D. Juvé ~Ecole Centrale de Lyon, LMFA UMR CNRS 5509, BP 163 69131 Ecully Cedex, France, phbb@ec-lyon.fr!

Acoustic waves traversing a turbulent medium develop random changes in phase and amplitude. Here the wavefront distortions of
a spherical wave that traverses a medium exhibiting temperature fluctuations are investigated under well controlled laboratory
conditions. A heated grid in air is placed horizontally in a large anechoic room and the mixing of the free convected plumes above the
grid generates an homogeneous isotropic thermal turbulent field. By varying the frequency of the ultrasonic source and the distance
of propagation, all the regimes from weak scattering to strong scattering can be explored. The presentation will concentrate on the
measurements of phase variations along a linear array of microphones. Measurements of these phase differences demonstrate th
limitation of the Rytov’s method for remote sensing techniques due to the existence of phase jumps between neighboring elements of
the array. Numerical simulations based on a wide-angle parabolic equation are used to explain these rapid phase variations in terms
of random caustics and phase dislocations.

FRIDAY MORNING, 19 MARCH 1999 ROOM MA005, 8:00 TO 11:40 A.M
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Physical Acoustics: Elastic Properties of Materials III: Piezoelectrics, Plates, and Shells
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8:00

5aPAc1. Acoustoelectric sensing and actuating of physicochemica
processes by SAW. R. Giriuniene and E. Garshka~Dept. of Phys.,
Vilnius Univ., 2054 Vilnius, Lithuania!

The purpose of the paper is to present the studies of the influenc
SAW in cw mode on catalyst properties of semiconductive catalyst sur
and of the peculiarities of the control of chemical processes on this sur
with the help of the SAW. Also, the studies of this structure when
surface of the semiconductor is covered with ion-selective membrane
the gap is filled with electrolyte are presented. It is found that SAW
pulse mode presents a very effective tool for monitoring catalytic
sorption processes on this surface and in the electrolyte itself. It allows
determination of a nature and limited stage of the reaction. The chang
acoustoelectric parameters reflects the electronic processes which
place on the catalyst surface during the reaction. The activation energ
the processes on the real surface of the catalyst is determined by aco
electric method too. The acousto-electrocatalytic effect is investigate
is found that SAW in cw mode changes the catalyic activity on the se
conductive catalyst surface and in some cases the catalytic selectivi
the surface.
1339 J. Acoust. Soc. Am., Vol. 105, No. 2, Pt. 2, February 1999
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8:20

5aPAc2. Piezoelectric interfacial waves in directions of vanishing
slowness curvature. Eugene J. Danicki~Polish Acad. of Sci.~IPPT!, 21
Swietokrzyska Str., Warsaw 00-049, Poland!

Piezoelectric interfacial waves can propagate in a piezoelectric b
along the conducting plane embedded in it~that is, at the bonding of two
metallized pieces of a crystal!; its velocity is close to one of the shear bul
waves. The wave-field penetration depth depends on the shear wave
ness curvature. At investigated propagation directions of vanishing cu
ture, the wave decays at about two or more wavelengths. There are o
handful of such points in investigated crystals: 12 distinct ones in qua
and 6 in lithium niobate. They are analyzed applying Stroh formalism~the
case of fourfold defective matrix!, and using the recently developed ‘‘pa
pal’’ approximation to the planar harmonic Green’s function. In almost
cases, the approximation evaluated at a given wave number is acc
enough for application in a sufficiently wide wave number domain. This
beneficial for physical interpretation of numerical results.~The method can
also be adopted for analysis of Rayleigh and pseudo surface wave
anisotropic crystals.! Possible applications of the investigated waves i
clude: ~a! low-temperature investigations of materials or superconduct
layers~propagating inside the crystal, the wave is well protected from
adverse environment!, ~b! validation of material constants, and~c! in sur-
face acoustic wave devices.
1339Joint Meeting: ASA/EAA/DEGA
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8:40

5aPAc3. Application of the piezoelectric implant method to study the
frost phase in frozen porous media. Stephane Pouyez and Robe
Hazebrouck ~L.A.M.H 1230 rue de l’Universite 62400, Bethune, Franc
hazebrouck@univ-artois.fr!

This work describes the adaptation of the piezoelectric implant met
for frozen porous media. This technique has been successfully use
monitoring cement setting@S. Pouyez and R. Hazebrouck, Biot Confe
ence on Poromechanics~1998!#. Earlier results have shown that, for po
rous media, the electrical impedance resonance peak of the implant c
calculated by Biot’s theory. The slow wave has a predominant contr
tion to the piezoelectric disc response. Experiments in glass beads em
ded in water monitored in a temperature range of@220, 10 °C# are
presented. Results are in good agreement with those obtained by usin
transmission of longitudinal waves. The implant method is very sensi
and free of any problem caused by the mechanical contact occurrin
most existing methods using ultrasonic velocities measurement. Thu
the vicinity of 0 °C and for positive values of the temperature, the p
posed method allows one to follow the slow reheating of the sample w
ultrasonic measurement becomes less efficient because of the attenu
The implant remains in the sample, so the frost and defrost cycles
heterogeneous materials in civial engineering can be monitored with
method. The implant method also might be of interest for the study
frozen soils.

9:00

5aPAc4. The energy velocity of attenuating guided ultrasonic waves
in plates. Arnaud Bernard, Marc Deschamps~Laboratoire Mecanique
Physique, Univ. Bordeaux 1, 351 Cours de la Liberation, 33405 Tale
Cedex, France!, and Mike Lowe ~Imperial College, Exhibition Rd.,
London SW7 2BX, UK!

The understanding of the propagation characteristics of guided w
is fundamental to their exploitation in nondestructive evaluation~NDE!
techniques. Long-range testing methods often rely on the detection o
arrival of a wave packet which is understood to travel at the group velo
of the wave mode, and which is easily calculated. However, althoug
practice the group velocity is a perfectly adequate measure of the en
velocity of the wave packet, it is strictly correct only when the wave mo
is lossless. The paper will examine the nature of the energy propag
vectors within a plate and the energy velocity of Lamb waves. Both ela
plates with lossless modes and plates with attenuation will be conside
the latter leading to differences between the group velocity and the en
velocity. Experimental results will be presented as validation, using a p
with material damping under conditions where the difference betw
group velocity and energy velocity is significant.

9:20

5aPAc5. Guided waves’ propagation in an elastic plate of linearly
varying thickness. Arnaud Guillet, Mounsif Ech Cherif El Kettani, and
Francine Luppe ~LAUE, UPRESA 6068 Pl. R. Schuman, 76610 L
Havre, France!

Experimental studies of guided waves propagating in an elastic p
of linearly decreasing thickness are presented. The plate is embedd
water, and the mode’s excitation is achieved by means of an ultras
beam at a given incident angle. Measurements are done either w
receiving transducer or with a laser interferometer. In the first case,
amplitude of the leaking wave and its reemission angle are measu
while, in the second case, the normal acoustic displacement at the su
of the plate is obtained. Use of the surface wave analysis method
provides the dispersion curves of the propagating waves. For plate
small thickness slopes~one or two degrees!, the interface waves are show
to behave mostly as generalized Lamb waves which adapt continuous
the varying thickness as they propagate. Evidence of waves propag
backward before having reached the plate end is shown. Mode’s con
sions also occur, giving rise to intermodes’ branches in the disper
plane.
1340 J. Acoust. Soc. Am., Vol. 105, No. 2, Pt. 2, February 1999
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9:40–10:00 Break

10:00

5aPAc6. Transmission-line modeling „TLM … of an elastic wave
propagation in two dimensions. Y. Kagawa, T. Fujitani, and T.
Tsuchiya ~Dept. of Elec. Eng., Okayama Univ., Okayama, 700-8530
Japan!

Transmission-line matrix modeling~TLM ! provides a simulation ap-
proach to the wave propagation for which the Huygens’ principle is dis
cretely realized on computer. The TLM modeling is primarily developed
for the electromagnetic wave propagation simulation in time domain an
its application has been widely practiced. The application to acoustic fiel
problems is the easy extension as it is of scalar field, while the elasti
wave is of vectorial field like the electromagnetic wave so that a specia
TLM node must be developed. The formulation of the elastic wave prob
lems are well established, which can be expressed in terms of the tw
separate potential waves. The two waves can independently be prese
whereas is experienced in seismic wave observation, the elastic wave co
sists of the longitudinal and shear waves. They, however, couple at th
boundaries to satisfy the boundary condition at which mode conversion
said to take place. The present paper proposes the two potential wa
approach. The two scalar waves using simple regular TLM nodes ar
simulated to propagate independently under the boundary condition
which should properly be devised. The expression is discussed for a tw
dimensional homogeneous elastic field and some examples are demo
strated, compared with the solutions of another approach, such as the fin
difference.

10:20

5aPAc7. Direct measurement of dynamic elastic constants of a disc.
Francisco J. Nieves, Francisco Gasco´n ~Dept. Fı́sica Aplicada, Univ.
Sevilla, E.T.S. de Arquitectura, Reina Mercedes 2, ES-41012 Sevilla
Spain, fjnpavon@cica.es!, and Ana Bayo´n ~Univ. Politécnica Madrid,
ES-41012 Sevilla, Spain!

In two preceding papers@F. J. Nieves, F. Gasco´n, and A. Bayo´n, J.
Acoust. Soc. Am.104, 176–180~1998!; J. Acoust. Soc. Am.~to be pub-
lished!#, the possibility of measuring the two dynamic elastic constants by
excitation of axisymmetric vibration of an isotropic cylinder, whose length
L equals its diameterD, and by means of the detection of the two lowest
natural frequencies, one symmetric and another antisymmetric, has be
demonstrated. The variational method and the Ritz procedure with polyno
mies are followed to calculate numerically the two lowest nondimensiona
frequencies for a disc withL/D50.1 and the result is antisymmetric. The
quotient between both nondimensional frequencies is a function only o
the Poisson ratio and it is single-valuated. Then the measurement of the
frequencies allows the calculation of that elastic constant. The quotien
dependence on the Poisson ratio is strong and almost linear, which impli
a much better sensibility than it was forL/D51. Moreover, one of the
calculated frequencies, the disc diameter, and the material density perm
the calculation of the shear modulus. The theory is checked with a labo
ratory experiment on a stainless steel disc of 5 cm in diameter.

10:40

5aPAc8. Investigation of thin film shear modulus from spatially
resolved measurement of Love wave velocity.G. Behme, E. Chilla,
and H.-J. Froehlich~Paul Drude Inst., Hausvogteiplatz 5-7, 10117 Berlin,
Germany, behme@pdi-berlin.de!

The investigation of transversely polarized surface acoustic wave
~SAWs! is strongly hindered by their missing out-of-plane oscillation
component because commonly applied measurement techniques are ba
on access to that component. Nevertheless, these waves are very inter
ing for accurate extraction of thin film elastic properties as well as for
SAW devices and sensor applications. In this contribution we report a ne
development of spatially resolved SAW analysis. The scanning acoust
force microscope~SAFM! has been extended in its sensitivity to in-plane
polarized waves. A nonlinear mechanism could be found that couples th
1340Joint Meeting: ASA/EAA/DEGA
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in-plane surface oscillations to torsional cantilever vibrations. This mec
nism is used to transfer the rf SAW signals to kHz frequencies and
measure the SAW phase velocity. The new technique has been appl
study the Love wave propagation in the layered system fused silica
ST-cut quartz. The phase velocity could be derived from measuremen
the phase shift along a propagation distance in the micron range.
obtained velocities show a clear spatial variation at elastic changes w
the investigated surface. This is used to investigate the shear modul
the layer material by numerically solving the inverse problem of SA
propagation.

11:00

5aPAc9. Vibration response of perforated thin plates. Pascal
Allemon, Robert Hazebrouck~LAMH, Univ. d’Artois, Equipe acoust.,
1230 rue de l’Universite, 62400 Bethune Cedex, Fran
pallemon@club-internet.fr!, Florin Breaban, and Andre Deffontain
~IUT, 62408 Bethune Cedex, France!

The vibration behavior of perforated metal thin plates is studied h
In order to highlight specific phenomena, a rather simple experiment
been researched. While covering a large range of frequencies, a sin
dally varying point force has been applied to a free boundary circular p
at its midpoint. In that case, the plate vibrations obtained are of an a
symmetry type; for that geometry the first symmetrical modes only
excited. The driving-point mechanical impedance is measured. For a p
stress problem, the perforated plate vibration response is evaluate
assimilating perforated plates to equivalent solid thin plates whose e
tive elastic constants are determined with the help of Meijers’ the
@Ph.D. thesis, University of Delft, Holland, 1967#. First of all, the numeri-
cal simulation is validated by comparing theoretical impedance resul
those obtained experimentally. Then, the use of double exposure h
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graphic laser interferometry permits one to verify that modes observed
photographs correspond in general to theoretical ones. Initially develo
for the study of perforated plate static behavior, that theory can certai
be used for the dynamic study of various geometry perforated plates.

11:20

5aPAc10. An acoustic wave’s transmission through an elastic
cylindrical shell and investigation of its parameters. Igor L.
Oboznenko, Elena I. Oboznenko, and Victor Samonenko~NTUU Kiev
Polytech. Inst., Kiev 252056, Ukraine!

The method of elastic parameter’s estimation of cylindrical shells a
surroundings is proposed. The method is based on measurement o
transmitted wave by the calibrated ultrasonic hydrophone inside of
elastic shell. Metallic, plastic, rubber, and blood shells are discussed. It
been demonstrated that acoustical pressure inside the shell, for frequen
lower than the frequency of mechanical resonance, does not depend on
frequency, but rather depends on mechanical parameters like Youn
modulus, Poisson coefficient, density, and geometry~median radius and
thickness! of the shell. Irradiation in various wave reference angles
relation to normal is applied for determination of the shell and those re
nances also are different~10–1000 times in frequency!. Transmitted
waves have been calculated for both the elastic plate model and ela
shell models of different geometry. The pass wave field significantly d
pends upon shell material. Its resonances also are different~10–1000
times in frequency!. It has been demonstrated that up to 60% higher a
curacy in calculations of the pressure of transmitted waves can
achieved when the exact solution is used in comparison with the appro
mate solution for the elastic plate model. There is a good correlat
between computational and experimental results.
Contributed Posters

These posters will be on display in the Poster Gallery from Thursday to Friday, 18–19 March. Authors will be at their posters from
2:00 p.m. to 4:00 p.m. on Friday, 19 March.
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5aPAc11. Inline process monitoring of thermosets by ultrasonic
measurements in a compression mould. M. Rath, G. Hinrichsen
~Tech. Univ. of Berlin, Inst. of Nonmetallic Mater., Polymer Phys
Englische Strasse 20, 10587 Berlin, Germany!, J. Döring, and W. Stark
~Federal Inst. for Mater. Res. and Testing, 12200 Berlin, Germany!

Moulding compounds are heterogeneous materials and consist of
ules or pellets, usually mixed with a special resin-hardener combina
reinforcing agents, accelerators, lubricants, pigments, and other add
ready for manufacturing. Thermosetting moulding compounds are defi
as raw materials manufacturing plastic parts under the influence of p
sure and heat, mainly by compression, transfer, and injection mould
Current research addresses ultrasonic quality sensor utilization for in
cure monitoring, to control and analyze compression moulding.
-

s

-

‘‘smart’’ process control would require the measurement of elastic mod
and viscosity during cure. In this research, an ultrasonic impu
transmission method is used to directly monitor changes in the mecha
properties of moulding compounds throughout the cure cycle. Meas
ments were performed during the processing using transducers which
designed to operate at elevated temperatures and pressures in a com
sion mould. Measurements of ultrasound velocity and change of atte
tion coefficient of longitudinal and shear waves were made throughout
process cycle. Use was made of the ultrasonic measurements to mo
the influence of various parameters on the manufacturing process, su
filler concentration, humidity content, artificial weathering at elevat
temperatures, and hardener concentration.@Work supported by Deutsche
Forschungsgemeinschaft~DFG!.#
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5aPAc12. Accurate noncontact measurement of elastic properties o
ceramics using acoustic microsopy and laser ultrasonics.C. M.
Flannery ~Paul-Drude Inst. fu¨r Festkörperelektronik, Hausvogteiplatz 5–
7, D-10117 Berlin, Germany! and G. M. Crean ~Natl. Microelectronics
Res. Ctr., Univ. College, Cork, Ireland!

Accurate measurement of elastic properties of advanced materials
considerable importance for the further development of such materials
their applications. For many materials, data for elastic properties are
available or are unreliable. Noncontact, nondestructive techniques a
particular interest as being suitable for process control and hostile e
ronments. Acoustic microscopy and laser ultrasonic techniques can
sure bulk acoustic wave velocities~longitudinal and shear!, from which
elastic properties may be extracted, but there are many problems
measuring shear wave velocity with acoustic microscopy and with ge
ating and detecting bulk acoustic wave modes using laser ultrasonic
this work, a dual-probe beam laser interferometer setup is used to me
the velocity of laser-generated surface acoustic waves on materials;
results are combined with measurements of longitudinal velocity obta
with a standard 50-MHz point-focus-beam acoustic microscope. The t
nique is illustrated and applied to a set of ceramic samples~silicon nitride,
silicon carbide, alumina, zirconia!. Results are compared to available da
and it is shown that elastic properties of isotropic materials~Young’s
modulus, Poisson’s ratio! can be measured by this noncontact, nondestr
tive method to accuracies of 1% or better. This compares very we
other noncontact measurement methods.

5aPAc13. Some dynamic properties of the nonhomogeneou
thermoelastic prestressed media. Valery V. Kalinchuk, Tatyana I.
Belyankova, Yury E. Puzanoff, and Irina A. Zaitseva~Res. Inst. of Mech.
and Appl. Mathematics, Rostov State Univ., Rostov-on-Don, 3440
Russia, kalin@gis.rnd.runnet.ru!

The problem of steady-state harmonic oscillations is considered f
nonhomogeneous thermoelastic prestressed medium. The mechanic
rameters of this medium are considered to be arbitrary, sufficiently sm
T
s

T

ha-
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functions of one of the coordinates~depth!. The oscillations are realized
under the action of the load or the rigid stamp oscillated on the medium
surface. Two models of a nonhomogeneous thermoelastic medium
investigated: a nonhomogeneous layer of finite thickness on the
deformed foundation and a nonhomogeneous layer on the surface of
homogeneous half-space. This investigation is based on the numeric
struction of the Green’s function of the medium and the analysis of th
function’s properties. The different types of changing with the depth of t
numerical parameters of the layer’s material have been considered.
maximal changing of the parameters is located near the upper or lo
bound of the layer.@Work supported by RFFI.#

5aPAc14. On the investigation of the stressed state of the elastic and
piezoelectric bodies. Valery V. Kalinchuk, Tatyana I. Belyankova, Yury
E. Puzanoff, and Irina A. Zaitseva~Res. Inst. of Mech. and Appl.
Mathematics, Rostov State Univ., Rostov-on-Don, 344090, Russ
kalin@gis.rnd.runnet.ru!

The solutions of the set of dynamic problems on the oscillations of t
electroelastic prestressed medium is the basis of the detailed analys
the influence of the initial stressed state’s type and initial stress’s value
the structure of the surface wave field and to the resonance phenom
arising from the interaction between the medium and the external conc
trated elements. The initial stressed state is considered to be homogen
or changing with the depth. It has been defined by the parameters of
external concentrated elements under which the initial stress’s influenc
the dynamics is maximal. The high efficiency of using the resonance p
nomena for the nondestructive control of stressed state’s character and
initial ~residual! stress’s value has been established.@Work supported by
RFFI.#
.
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5aPPa1. The normalized correlation: Accounting for NoSp
thresholds with Gaussian and ‘‘low-noise’’ masking noise. Leslie R.
Bernstein ~Surgical Res. Ctr., Dept. of Surgery~Otolaryngol.! and Ctr. for
Neurological Sci., Univ. of Connecticut Health Ctr., Farmington, C
06030!, Steven van de Par~IPO, 5600 MB Eindhoven, The Netherland
and Univ. of Connecticut Health Ctr., Farmington, CT 06030!, and
Constantine Trahiotis~Univ. of Connecticut Health Ctr., Farmington, C
06030!

Recently, both Eddins and Barber@J. Acoust. Soc. Am.103, 2578–
2589~1998!# and Hallet al. @J. Acoust. Soc. Am.103, 2573–2577~1998!#
demonstrated that ‘‘low-noise’’ noise produced more masking of antip
sic tones than did Gaussian noise. Eddins and Barber could not accou

this finding by considering changes in the normalized interaural corr

tion produced by adding antiphasic signals to the diotic maskers. T

calculated the normalized correlation subsequent to half-wave, square

rectification and low-pass filtering. That approach was used success

by Bernstein and Trahiotis@J. Acoust. Soc. Am.100, 3774–3784~1996!#
to account for binaural detection performance as a function of freque
In this presentation, it will be shown that one can account quantitativ
for thresholds obtained with ‘‘low-noise’’ noise and with Gaussian no
by incorporating a stage of compression prior to rectification and low-p
filtering. The compressive function employed produces effects simila
those measured along the basilar membrane. Adding compression a
one to account quantitatively for the low-noise-noise and Gaussian-n
thresholds while maintaining a highly successful quantitative accoun
1342Joint Meeting: ASA/EAA/DEGA
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the Bernstein and Trahiotis data. Thus the normalized correlation rem
a very useful metric that accounts for a wide variety of binaural detec
data.@Work supported by NIH-DC-02103 and NIH-DC-00234.#

8:20

5aPPa2. Should normalization be included in cross-correlation-based
models of binaural processing? Steven van de Par~IPO, Ctr. for Res.
on User-System Interaction, P.O. Box 513, 5600 MB Eindhoven, T
Netherlands and Surgical Res. Ctr., Dept. of Surgery~Otolaryngol.! and
Ctr. for Neurological Sci., Univ. of Connecticut Health Ctr., Farmingto
CT 06030!, Constantine Trahiotis, and Leslie R. Bernstein~Univ. of
Connecticut Health Ctr., Farmington, CT 06030!

It is generally accepted that cross-correlation-based models of bina
information processing provide excellent qualitative and quantitative
counts of data obtained in a wide variety of experimental contexts. Th
contexts include binaural detection, lateralization, localization, and
perception of pitch mediated by strictly binaural cues. The purpose of
research was to investigate the application of ‘‘normalization’’ as par
the computation of indices of interaural correlation. Such indices h
often been utilized to account for binaural detection data but the norm
ization, to our knowledge, has neither been explicitly studied nor ev
ated on its own merits. Normalization ensures that the value of correla
obtained with identical inputs will be11 ~or for polarity-opposite inputs,
21!. Nevertheless, normalization, as a stage of processing, is not ov
included in modern cross-correlation-function-based models. In this
sentation logical arguments and new data regarding the need to inc
normalization within cross-correlation-based models of binaural detec
discrimination are provided. The new data were obtained while roving
overall levels of the stimuli in a binaural detection task. The data indic
that, to account for binaural detection, an extremely rapid and accu
stage of normalization must be included in cross-correlation-based m
els. @Work supported by NIH-DC-02103 and NIH-DC-00234.#

8:40

5aPPa3. Dichotic perception of AM and FM signals. E. Ozimek, J.
Konieczny, and A. Wicher~Inst. of Acoust., Adam Mickiewicz Univ., ul.
Matejki 48/49, Poznan´, Poland!

The study deals with the binaurally perceived modulation depth (mp)
of amplitude-modulated signals~Exp. I! and binaurally perceived fre
quency deviation (D f p) of frequency-modulated signals~Exp. II!, for their
diotic and dichotic perception. Various combinations of modulation de
(m) and frequency deviation (D f ) at the left and right ear were used.
was found that when the interaural difference in modulation depth (Dm
5ml2mr) or interaural difference in frequency deviation (DD f 5D f l

2D f r) were equal to zero~i.e., diotic perception!, the binaurally per-
ceived modulation depth or binaurally perceived frequency deviation w
the same as those in monaural perception. For sufficiently smallDm or
DD f , the perceived modulation depth, or frequency deviation, appr
mated the mean of the magnitudes presented to the left and the righ
However, for large interaural differences inDm or DD f , the binaurally
perceived quantities were lower than their arithmetic means, and sho
nonlinear trends. Comparison of the perceived modulation depths d
mined in the experiment and those calculated under the assumption o
linear summation of AM signals from the left and the right ear are a
discussed.

9:00

5aPPa4. Interaction in the perceived lateralization of two sounds
having different interaural time differences. Makio Kashino ~NTT
Basic Res. Labs., Atsugi, Kanagawa, 243-0198, Jap
kashino@av-hp.brl.ntt.co.jp!

Perceived lateralization of a 0.25-s, 500-Hz test tone was measur
the presence of a 1-s, 1/3-oct band noise centered at 500 Hz. The int
ral time difference~ITD! of the noise was fixed at zero, and that of the te
tone was varied trial by trial in the range of2500 to 500 ms ~negative
sign meaning that the left channel signal leads!. The test tone started a
1343 J. Acoust. Soc. Am., Vol. 105, No. 2, Pt. 2, February 1999
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various temporal positions between 1.25 s before the onset of the n
and 1.25 s after the offset of the noise. Subjects indicated perceived la
position of each test tone on a left–right axis. It was found that percei
lateralization of test tones presented before the noise was approximat
linear function of ITD. On the other hand, that of test tones presen
concurrently with the noise was shifted away from the noise, depending
the ITD relationship between the tone and noise. This contrast effect
mained even 1.25 s after the offset of the noise, replicating the prev
finding of localization aftereffect@M. Kashino and S. Nishida, J. Acoust
Soc. Am.103, 3597–3604~1998!#. These results suggest rapid gain co
trol of ITD-selective units, probably due to inhibitory mutual interaction

9:20

5aPPa5. Virtual auditory localization in noise. Mark A. Ericson, W.
Todd Nelson ~Air Force Res. Lab., 2610 Seventh St., Wright–Patters
AFB, OH 45433, mericson@falcon.al.wpafb.af.mil!, and Robert S. Bolia
~Veridian, Dayton, OH 45431!

Interfering sounds have different interaural cross correlations~IACCs!
depending on the location and environment in which they are produc
IACCs, in addition to signal bandwidth and signal-to-noise ratio, influen
localization acuity. Most localization experiments use stimuli presented
the free-field without maskers or with one directional masker@Good and
Gilkey, J. Acoust. Soc. Am.99, 1108–1117~1996!#. Hirsh @J. Acoust.
Soc. Am. 22, 196–200~1950!# and Mershon and Lin@Ergonomics30,
1161–1173~1987!# have measured auditory localization in reverbera
environments. However, in these studies the signals and masker~s! were
presented in the reverberant environment. No studies have addresse
effects of diffuse noise on auditory localization over headphones. T
current study examines the effect of band passing a directional noise
nal presented over headphones masked by noises of different inter
cross correlations. The signal-to-noise ratio is varied from110 to 210
dB, and the signal is low-pass filtered at 1.6, 4, 8, and 15 kHz. Findi
from this study have implications for models of binaural hearing and
design of directional audio displays.

9:40

5aPPa6. Investigating the precedence effect with a virtual auditory
environment. Thomas Djelani ~Inst. of Commun. Acoust., Ruhr
Universitaet Bochum, D-44780 Bochum, German
djelani@aea.ruhr-uni-bochum.de!

Due to the precedence effect humans are capable of localizing so
in reverberant environments. Despite the importance of this effect
mechanism is not completely understood yet. Especially the questio
how the precedence effect is controlled by higher levels of the audit
system is still open. A new approach for further investigations of t
precedence effect is the use of a real-time virtual auditory-environm
system ~SCAT-Lab!, which allows one to create and auralize virtu
rooms. The subjects listen to the presented scenarios via headphones
individual head-related transfer functions~HRTFs!. The SCAT-Lab uses a
head tracker to measure the listeners head position and orientation
modifies the HRTFs accordingly. The system offers a high degree of fl
ibility in creating realistic and complex scenarios for psychoacoustic
periments. For example, it can be used to set up the Clifton effect exp
ment@J. Acoust. Soc. Am.82, 1834~1987!# just by moving one wall in a
virtual room. The evaluation of the SCAT-Lab system for preceden
effect experiments has been performed to test the possibilities and li
given by this new tool for further psychoacoustic experiments.

10:00–10:20 Break

10:20

5aPPa7. Binaural room scanning—A new tool for acoustic and
psychoacoustic research. Philip Mackensen, Uwe Felderhof, Gu¨nther
Theile ~Inst. für Rundfunktechnik, D-80939 Mu¨nchen, Germany!, Ulrich
Horbach, and Renato Pellegrini~Studer, CH-8105 Regensdorf, Germany!

A new technology called ‘‘binaural room scanning’’ ~BRS! is intro-
duced, allowing real-time virtual loudspeaker reproduction in any virtu
room. It is based on a special convolution algorithm for auralization a
on the involvement of spontaneous head movements by means of a h
1343Joint Meeting: ASA/EAA/DEGA
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tracking system. A complete set of relevant dummy head HRTFs is m
sured for each loudspeaker and the resulting response in the original r
The data are stored and used for convolution. Thus the BRS system
not apply room synthesis methods~e.g., ray-tracing!, but, in contrast, en-
ables accurate virtual binaural listening in a real~cloned! loudspeaker
reproduction room. Since natural head movements are realizable in
simulated sound field, it offers new possibilities in the application of
tening tests, not only in the area of room acoustics and loudspeaker r
duction, but also for psychoacoustic research. Examples will be repo

10:40

5aPPa8. Minimum audible movement angle in vertical, horizontal,
and oblique planes: Effects of velocity and frequency content. D.
Wesley Grantham and Benjamin W. Y. Hornsby~Dept. of Hearing and
Speech Sci., Vanderbilt Bill Wilkerson Ctr. for Otolaryngol. and Commu
Sci., Vanderbilt Univ. Med. School, 1114 19th Ave. S., Nashville, T
37212!

Minimum audible movement angles~MAMAs ! were measured em
ploying a pseudo-virtual method of stimulus presentation. All stimuli w
digitally recorded through KEMAR’s two ears while he was positioned
an anechoic chamber with moving loudspeakers presenting sounds in
of seven planes: frontal horizontal, lateral horizontal, median sagittal,
eral vertical, or one of three different oblique planes. These recorded
aural stimuli were subsequently played through insert earphones to
jects seated in a darkened sound-insulated room. Subjects had to s
each trial whether a single moving sound moved ‘‘left’’ or ‘‘right’’~‘‘up’’
or ‘‘down;’’ ‘‘front’’ or ‘‘back’’ !. With velocity held constant during a run
~from 0 to 180°/s), stimulus duration was varied adaptively to track
MAMA threshold. Stimuli were Gaussian noise bursts that were eit
wideband, 4-kHz low-passed, or 4-kHz high-passed. Results will be
cussed in terms of human sensitivity at low and high frequencies to
namic information provided primarily by~1! changing interaural differ-
ence cues~frontal horizontal plane!; ~2! changing spectral cues~median
vertical plane!; and ~3! combinations of changing interaural and spect
cues.@Work supported by NIDCD.#

11:00

5aPPa9. Marking the starting and ending points of auditory apparent
motion: Effect of timing, spatial separation, and azimuth. Thomas Z.
Strybel and Diane L. Guettler~Dept. of Psych., California State Univ
Long Beach, Long Beach, CA 90840!

Participants identified the path of auditory apparent motion~AAM !,
produced by the appropriate timing~burst duration and stimulus onse
asynchrony, SOA! of two successive noise bursts~high-pass A-weighted
noise at 55 dB!. Three burst duration/SOA combinations were test
100/50 ms, 400/100 ms, and 400/600 ms. The first two combinat
produce AAM; the last was a nonmoving control. The stimulus seque
was presented through two loudspeakers selected from a horizontal
so as to produce two spatial separations~16 and 33°) and three midpoin
locations (223, 0, and 23° azimuth!. The actual starting and ending loca
tions were jittered around each midpoint. Participants faced a large c
screen having a grid pattern and were instructed to identify the cells
responding to the starting and ending points of the stimulus sequenc
timing values producing motion, the path of motion was displaced in
direction of the motion with the greatest direction effect occurring
100/50 ms. However, the midpoint between the loudspeakers also affe
the path of AAM. At 222° azimuth, the path was displaced toward t
left, regardless of motion direction. At 22° azimuth the path was displa
toward the right. This midpoint effect was obtained only at timing valu
producing AAM.
1344 J. Acoust. Soc. Am., Vol. 105, No. 2, Pt. 2, February 1999
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11:20

5aPPa10. Changes in perceived velocity following adaptation to
simulated auditory motion. Hisashi Uematsu and Makio Kashino
~NTT Basic Res. Labs., 3-1, Morinosato-Wakamiya, Atsugi, Kanagaw
243-0198 Japan, hisashi@av-hp.brl.ntt.co.jp!

To investigate whether adaptation to auditory motion can caus
changes in perceived velocity, measurements of perceived velocity we
conducted for apparently moving stimuli produced by varying only inter
aural time differences~ITDs!. Following adaptation to a 10-s 500-Hz tone,
a 500-Hz test tone was presented, followed by a 250-Hz standard to
The velocity~ITD change rate! of the adapter tone was chosen from the
range of 300 to 2400ms/s, and that of the standard tone was fixed a
300 ms/s. Subjects judged which of the test and standard tones was p
ceived as moving faster. The constant method was used to obtain
velocity of the test tone judged to be equal to that of the standard tone
was found that the perceived velocity of the test tone following adaptatio
was slower than the physical value by up to 70ms/s. Adaptation did not
affect the perceived direction of the test tone in the present velocity ran
of the adapting and test tones. These results indicate that adaptation
auditory motion cannot only produce countermotion of a physically sta
tionary sound, as has been reported, but also cause changes in perce
velocity of a moving sound. Theoretical implications will be discussed.

11:40

5aPPa11. Effects of the spatial distribution of competing sounds on
speech reception thresholds. John F. Culling, Monica L. Hawley, and
Ruth Y. Litovsky ~Hearing Res. Ctr. and Dept. of Biomed. Eng., 44
Cummington St., Boston Univ., Boston, MA 02215, cullingj@cf.ac.uk!

The experiment tested whether listeners can suppress competing so
from several different locations simultaneously. Speech reception thres
olds were measured adaptively in anechoic virtual auditory spaces with
target voice directly ahead and competing sounds in four spatial config
rations. Three concurrent competing sounds were distributed on the ho
zontal plane among consecutively numbered positions at 30-degree in
vals, position 4 being directly ahead, 1 far left, and 7 far right. Th
competitor configurations were 444, 367, 567, and 777. Four types
competing sound were used: speech~same voice!, reversed speech,
speech-shaped noise, and speech-modulated, speech-shaped noise
patterns of results across spatial configurations were similar for each ty
of competitor, although binaural advantage~777 vs 444! was 2–3 dB
greater for speech competitors than for noise. Speech gave thresholds 3
higher than reversed speech throughout, suggesting linguistic interferen
effects. Most notably, however, 567 and 777 always gave similar thres
olds ~7–10 dB lower than 444!. The multiple source locations of 567
produce a sound field with relatively low interaural coherence, but bina
ral unmasking experiments indicate that masking release demands mas
of high within-channel interaural coherence. Multiple competing source
on both sides~367! were more difficult to suppress.@Work supported by
MRC and NIH.#

12:00

5aPPa12. Audiometry for binaural hearing. Juerg M. Stettbacher
~Swiss Federal Inst. of Technol.~ETH!, Zurich and Signal and Information
Processing Lab, CH-8092 Zurich, Switzerland, stettbac@isi.ee.ethz.ch!

As traditional audiometry is based on very artificial conditions, the
results in many cases do not coincide with practical experience in eve
day life. The accuracy of the so-called useful hearing loss in legal cas
has been questioned many times. A new procedure is therefore propos
It is based on real acoustic free-field situations reproduced over a lou
speaker array. The sound field is controlled by using digital signal pro
cessing. The kinds of measurements and stimuli have been derived from
model of cognitive hearing. Different measurement types consider diffe
ent aspects of natural hearing. An assessment model helps to combine
results from various measurements to a single index. It directly describ
the useful hearing loss with respect to everyday hearing. It is not intend
to serve as a diagnostic tool, but as a useful and accurate measure in le
or insurance cases. Results from first experiments will be presented.
1344Joint Meeting: ASA/EAA/DEGA
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5aPPb1. A comparison of power-based and admittance measures o
the acoustic reflex threshold. M. Patrick Feeney, Kristen L. Smith
~Ohio Univ., School of Hearing and Speech Sci., Lindley Hall Rm. 2
Athens, OH 45701, feeney@ohiou.edu!, and Douglas H. Keefe ~Boys
Town Natl. Res. Hospital, Omaha, NE 68131!

Contralateral acoustic reflex thresholds obtained using a standard
cal admittance system with a 220-Hz probe tone were compared to t
obtained using a frequency-domain-based system for calculating wide
middle ear acoustic impedance and energy reflectance~ZR! @D. H. Keefe
et al., J. Acoust. Soc. Am.91, 470–485~1992!#. A white noise activator
presented through an ER-3A insert phone was used to elicit the contr
eral reflex in ten normal-hearing young subjects. The probe signa
40-ms wideband chirp, was presented through an ER-10C microph
system for the ZR measures. The microphone signal was then digi
and stored for data analysis. Measurements of reflex-induced chang
the power absorbed by the middle ear and in wideband admittance
then derived to estimate reflex thresholds. An analysis of variance
vealed that the average reflex threshold was about 16 dB lower for
power-based and wideband admittance measures than for the clinical
sure (p,0.001). However, the two ZR measures were not significan
different from each other. These results have implications for reducing
level of sound exposure during clinical acoustic reflex testing, and
obtaining reflex thresholds that may be beyond system limits for stan
clinical systems.@Work supported by OURC.#

5aPPb2. Performance of children on the Multisyllabic Lexical
Neighborhood Test as a function of the number of channels of
stimulation. Michael Dorman ~Dept. of Speech and Hearing Sci
Arizona State Univ., Tempe, AZ 85287-0102, mdorman@imap2.asu.e!,
Philip Loizou ~Univ. of Arkansas, Little Rock, AR!, Mario Svirsky, and
Karen Kirk ~Univ. of Indiana School of Medicine, Indianapolis, IN!

When monosyllabic words are processed in the manner of coch
implant signal processors and are presented to adult, normal-hearin
teners for identification, 4 channels of stimulation allow mean score
48% correct, 6 channels allow 71% correct, 8 channels allow 87% cor
and 12 channels allow 89% correct. When patients fit with cochlear
plants are tested with the same material, only 7% of the patients ach
scores in the range of scores for normals with 8 channels, 28% ach
scores in the range of 6 or more channels, 61% achieve scores in the
of scores for 4 or more channels and 39% achieve scores below th
normals with 4 channels. The aim of the research to be reported wa
collect, for both normal-hearing children and children with cochlear i
plants, scores on the Multisyllabic Lexical Neighborhood Test. The res
will provide a window on the effective channels of stimulation deliver
to children who use cochlear implants with 8–20 physical channels
stimulation.
1345 J. Acoust. Soc. Am., Vol. 105, No. 2, Pt. 2, February 1999
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5aPPb3. Temporal jitter disrupts speech intelligibility: Simulations of
auditory aging. M. Kathleen Pichora-Fuller ~School of Audiol. and
Speech Sci., Univ. of British Columbia, 5804 Fairview Ave., Vancouv
BC V6T 1Z3, Canada, kpf@audiospeech.ubc.ca!, Bruce A. Schneider
~Univ. of Toronto, Mississauga, ON L5L 1C6, Canada!, and Hollis Pass
~Univ. of Britsh Columbia, Vancouver, BC V6T 1Z3, Canada!

Declines in auditory temporal processing have been observed in a
adults and may partially account for their difficulty in understanding s
ken language. To mimic age-related loss of synchrony, sentences
temporally jittered. Intact and jittered SPIN sentences were presente
background babble, and sentence–final word recognition was measu
young listeners with normal hearing. Ifx(t) is the input signal, the interna
representation of the signal,y(t), is assumed to be a time-delayed versi
of the input with the time delay,d, varying over time asy(t)5x@ t
2d(t)#. The first factor contributing to the jitter is the range of delays t
might occur over time, modeled as the rms value of a band-limited no
The second factor is the rate at which delays change, modeled a
bandpass of a band-limited noise. Word recognition was unchanged w
the second factor dominated the jitter (rms50.05 ms, BW5500 Hz),
reduced slightly ~10%! when the first factor dominated (rm
50.25 ms, BW5100 Hz), and reduced greatly~50%! when both fac-
tors contributed to the jitter (rms50.25 ms, BW5500 Hz). This work
is a first attempt to simulate temporal aspects of auditory aging.

5aPPb4. Rupture pressures of membranes in the ear. Magne
Kringlebotn ~Dept. of Phys., Norwegian Univ. of Science and Techn
N-7034 Trondheim, Norway!

The rupture pressure differences across the tympanic membrane
round window membrane, and Reissner’s membrane, as well as the
and corresponding pressure at the stapes footplate that causes the a
ligament to rupture, have all been measured in cadaver ears from No
gian cattle. Reported mean rupture pressures are 0.41 atm for the tym
membrane, larger than 2 atm for the found window membrane, 0.048
for Reissner’s membrane, and 30 atm for the oval window annular l
ment. The latter pressure corresponds to 0.68-kg force applied to the
plate, having a mean area of 2.25 square mm. The ruptures of the
panic membrane in cattle appeared without exception as small tears i
pars flaccida, quite opposite to human ears where ruptures in this are
very rare. The weakness of the pars flaccida is probably the reason
lower rupture pressure for the tympanic membrane in cattle than in m
The rupture pressure of the tympanic membrane has also been measu
a few ears from fox.
1345Joint Meeting: ASA/EAA/DEGA
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5aPPb5. Prediction of post-operative profits in cochlear implanted
people using electrical stimulation test results. Henryk Skarzynski,
Andrzej Czyzewski, and Bozena Kostek~Inst. of Physiol. and Pathol. o
Hearing, ul. Pstrowskiego 1, 01-943 Warsaw, Poland!

There are few techniques adequate for assessing the remaining
tivity of a hearing nerve in deaf people or those with a severe hearing
The procedures developed at the Institute of Physiology and Patholog
Hearing in Warsaw allow the determination of some vital characteris
of the hearing sense that help to make decisions regarding the coc
implantation. The post-operative profits evaluation is also very impor
in the case of cochlea implanted persons. Apart from standard preex
nation procedures, a test based on the electrical stimulation via the e
nal auditory canal filled with saline can be performed. In order to evalu
the test results, both the dynamics range defined by the auditory thres
and the uncomfortable loudness level and the time difference limen
are considered. However, usually the results of electrical stimulation
are highly diversified, depending on a patient’s age and condition,
there was a need to create a database allowing one to find and to stud
correlation between obtained test results and patients’ ability to rec
and understand sounds. In this way, the interpretation of the elect
stimulation test results for the new diagnosed cases was made more
able.@Work supported by KBN, Poland, Grant No. 4 P05C 082 12.#
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5aPPb6. The impact of placement of noise sources on directional
hearing aid benefit. Todd Ricketts ~Purdue Univ., West Lafayette, IN,
toddr@purdue.edu!

The impact of the number and position of noise sources on measu
directional hearing aid benefit was investigated. Directional benefit w
quantified as the difference between hearing-in-noise test~HINT! signal-
to-noise ratios for omnidirectional and directional hearing aid condition
Noise environments included a single noise source placed at 180-de
azimuth, and three different five source arrays. All noise sources w
uncorrelated and simulated noise only in the rear hemisphere, or n
surrounding the listener. Binaurally fit subjects listened through three d
ferent commercial hearing aids with significantly different polar directivi
patterns. Testing was completed in two different reverberant environme
with average reverberation times of 642 and 1456 ms. The relative leve
hearing aid benefit differed significantly depending on the specific no
array used. Results revealed that the pattern of directional benefit ac
the noise environments could generally be predicted from differences
the hearing aids average polar directivity patterns. The directional ben
across hearing aid types revealed a similar pattern in both reverbe
environments, though less benefit was generally obtained in the more
verberant environment in agreement with previous investigations of dir
tional hearing aids. These results suggest that some previous investiga
of directional benefit may need reevaluation.
N
FRIDAY MORNING, 19 MARCH 1999 POSTER GALLERY, 10:00 A.M. TO 12:00 NOO

Session 5aPPc

Psychological and Physiological Acoustics: Hearing Impairment II„Poster Session…

Oliver Wegner, Chair
AG Medizinische Physik, Universita¨t Oldenburg, D-26111 Oldenburg, Germany

Contributed Papers

All posters will be on display in the Poster Gallery from Thursday to Friday, 18–19 March. Authors will be at their posters from 10:00
a.m. to 12:00 noon on Friday, 19 March.
hese
ion,
tion.

z
and

ems
as
rgy,

flu-
om-
at
-
m-
ted
5aPPc1. Communication problems in noisy workplaces for normal
hearing and hearing-impaired employees. Bas A. Franck, Wouter A.
Dreschler ~Dept. of Exp. Audiol., Academic Medical Ctr., P.O. Bo
22660, NL-1100 DD, Amsterdam, The Netherland
b.a.franck@amc.uva.nl!, Alexandra D. Pastoors, and Juergen Kiessli
~Justus-Liebig Univ., D-35385 Giessen, Germany!

Although much is known about hearing impairment, there is a real l
in knowledge about the relation between unfavorable listening condit
and the individual hearing capacities of normal-hearing and hear
impaired listeners. Moreover, occupational communication problems
hardly exploited. Therefore, a suitable questionnaire has been deve
that is based on studies of Gatehouse~1994!, Kapteyn and Kramer~1997!,
and Boermans~1997!. The questionnaire was completed by four differe
subgroups that cover hearing-impaired subjects with and without hea
aids and normal-hearing subjects that work in soft or loud backgro
noise. It appears that most hearing-impaired employees mainly suffer
speech-related soft noises, especially in communicative tasks. Loud n
are annoying for all subgroups, whereas reverberation causes only
lems in high noise levels. Localization and identification appear to
strongly related and are only problematic for a subset of the hear
impaired subjects, without hearing aids. Interindividual differences
d

s
-

tween subjects suggest a need for flexible communication devices. T
devices should combine functions of selective amplification, protect
recognition of warning sounds, and reduction of noise and reverbera
@Work supported by TAP.#

5aPPc2. Effects of selective serotonin reuptake inhibitors on auditory
processing. K. Gopal, D. M. Daly, R. G. Daniloff, and L. Pennart
~Speech and Hearing Sci., Univ. of North Texas, Denton, TX 76203
Hugin, Box 210855, Dallas, TX 75211-0855!

In mammalian auditory systems, serotonergic and cholinergic syst
modulate inhibition of GABA-ergic interneurons. Auditory processing h
been evaluated in a patient who suffered withdrawn depression, letha
hypersensitivity to touch/pressure, light, and sound~but not taste/smell!,
and difficulty understanding speech. Treatment with fluvoxamine and
oxetine, selective serotonin reuptake inhibitors, reversibly alleviated c
plaints. A sibling is similarly afflicted. Testing while medicated and
least 15 days after voluntary withdrawal~unmedicated; symptomatic with
out depression! revealed pure tone, SRT, word discrimination scores, ty
panograms, and acoustic reflex thresholds within normal limits. Medica
1346Joint Meeting: ASA/EAA/DEGA
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SCAN-A results were normal; unmedicated results were disordered.
medicated, both otoacoustic emissions and ABR waves I, III, and V, w
significantly larger, bilaterally. Central processing and vigilance w
evaluated with sets of sparse acoustic stimuli. While medicated, respo
to stimuli at each ear revealed well-defined transitions (p,0.0001) over
90 min. Vowels were homogeneous with controls;/ge/je/, /be/we/, and
/be/de/ge/were markedly shorter and consistently differed from norm
(p,0.0001; the /de/ of /be/de/ge/covered approximately 200 Hz!. During
unmedicated testing, responses to/ge/je/ began at medicated levels bu
approached chance levels over 10 min; responses to/be/we/were consis-
tent ~and aberrant! throughout.

5aPPc3. The changing loudness aftereffect following adaptation to
visual motion-in-depth. Norimichi Kitagawa ~Dept. of Psych., Tokyo
Metropolitan Univ., 1-1 Minami Osawa, Hachioji, Tokyo, Japan!

After exposure to a sound increasing or decreasing in level, a ste
sound is perceived as changing loudness in the opposite direction.
study shows that this auditory aftereffect of changing loudness res
from adaptation to a visual motion-in-depth, too. A visual adapting stim
lus was a square of fixed size which changes in retinal disparity, so th
appears to move toward or away from the subject. The increasin
decreasing 1000-Hz tone was used as an auditory adaptation stimulus
magnitude of the aftereffect was measured after adaptation to each o
following conditions:~a! auditory stimulus only;~b! auditory and visual
stimuli in the same direction~increasing and moving toward, or vic
versa!; ~c! auditory and visual stimuli in the opposite direction~increasing
and moving away from, or vice versa!; and ~d! visual stimulus only. The
aftereffect was observed in any of these conditions, and even in cond
~d!. The magnitude of the aftereffect reached the maximum in condi
~b!. The aftereffect in condition~c! was almost the same as that caused
condition ~a!. These results suggest that the mechanism processing
change in level in auditory system responds to the visual motion-in-de

5aPPc4. Classification of the acoustic environments using a
psychoacoustic model. Melanie Ostendorf and Volker Hohman
~Graduiertenkolleg Psychoakustik and AG Medizinische Physik, Un
Oldenburg, Germany!

Complex digital hearing aid algorithms employ different signal p
cessing stages, e.g., noise reduction and loudness control. Most of
stages are suitable only for special acoustic environments or need diff
parameter sets for different environments to assure optimum rehabilita
success. Future ‘‘intelligent’’ digital hearing aids should therefore inc
porate a model of the acoustic environment to adapt the signal proce
to the acoustic environment. In particular, the presence of a speech s
and of different types of ambient noise should be detectable. In this st
the perception model introduced by Dauet al. @J. Acoust. Soc. Am.102,
1347 J. Acoust. Soc. Am., Vol. 105, No. 2, Pt. 2, February 1999
n-
re

re
ses

ls

ady
his
lts

u-
t it
or
The
the

ion
on
in
the
th.

iv.

-
ese

rent
tion
r-
sing
gnal
dy,

2829–2919~1996!#, which was originally developed to model different
psychoacoustical tasks, e.g., forward masking and modulation detectio
used as a preprocessor for this type of classification algorithms. This
proach seems promising, as the model includes a modulation freque
analysis which was shown to be a good estimator of speech activity@Os-
tendorf, Fortschritte der Akustik DAGA 98, Zu¨rich#. First results on the
classification accuracy using this model are presented.

5aPPc5. On the relationship between auditory evoked potentials and
psychophysical loudness. Oliver Wegner ~Graduiertenkolleg
‘Psychoakustik’, Carl-von-Ossietzky-Universita¨t, Oldenburg, Germany!,
Torsten Dau, and Birger Kollmeier ~Carl-von-Ossietzky-Universita¨t,
Oldenburg, Germany!

This study examines the question of whether the neurophysiologic
events reflected by the auditory evoked potentials are similar to the eve
underlying loudness perception. Recent studies showed that, at brains
level, loudness does not seem to be directly related to the potential am
tude~wave V!. This is the case for the loudness growth function for ton
pulses@J. K. Nousak and D. R. Stapells, ‘‘Loudness and the ABR/MBR in
noise-masked normal-hearing subjects,’’ ARO meeting, p. 39~1998!# as
well as for loudness summation obtained with optimized chirp stimu
@Wegneret al., ‘‘Untersuchungen zu Lautheitskorrelaten in akustisch evo
zierten Potentialen,’’ DAGA 98, Zu¨rich ~in press!#. In both conditions, the
results obtained with early evoked potentials suggest a higher compress
as that normally derived from psychophysical data and as reflected
common loudness models. This study presents brainstem and cortical
tentials evoked by bandlimited stimuli of equal loudness. The role of th
synchronization, stimulation rate, and temporal integration at both pr
cessing levels is discussed.

5aPPc6. Conductive hearing losses caused by static pressure
differences in the ear. Magne Kringlebotn ~Dept. of Phys., Norwegian
Univ. of Science and Technol., N-7034 Trondheim, Norway!

The frequency characteristics of sound transmission loss in the e
have been measured as a function of the static pressure difference ac
the tympanic membrane as well as the static pressure difference betw
the inner ear fluids and the middle ear. The measurements have b
performed on cadaver ears from Norwegian cattle. On average, for
increasing static overpressure in the ear canal up to 10 cm of water
magnitude, the transmission loss below 1 kHz increases rapidly to ab
13 dB for positive overpressures and to about 9 dB for negative, and th
more slowly to about 28 and 26 dB at 60 cm of water. At higher freque
cies the transmission losses become smaller, but are markedly different
positive and negative overpressures in the ear canal. The sound trans
sion in the ear is little influenced by a pressure increase in the inner e
fluids.
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8:20

5aSAa1. Determination of Young’s modulus and internal friction
coefficient from flexural wave in thin bars. Qiushuang Guo and Davi
A. Brown ~Acoust. Res. Lab., Dept. of Elec. and Computer Eng. and
for Marine Sci. and Technol., UMass—Dartmouth, North Dartmouth,
02747, dbrown@umassd.edu!

The flexural wave equation including internal friction and the corr
tion due to rotatory inertia and shear deflection for thin bars is solved.
system response of the forced-free bar excited in flexural vibration
obtained. Corrections for rotatory inertia and shear deflection have
included for a best fit. The numerical factor representing the correc
effect of shear deflection is smaller than previous results which mean
shear deflection has a greater correction contribution than previo
thought. At low-frequency range, the Young’s modulus obtained f
flexural modes is different from that from longitudinal modes. This m
suggest that more correction effects need to be included for the fle
system.@Work supported by the Ph.D. Program and the Strategic Envi
technology Partnership~STEP! through the Advanced Technology Cen
at the University of Massachusetts Dartmouth.#

8:40

5aSAa2. Vibration analysis of rotating Euler beam. Kuo Mo Hsiao
~Dept. of Mech. Eng., Natl. Chiao Tung Univ., Hsinchu, Taiwan, ROC!

The objective of this paper is to derive an exact expression for li
vibration equations of a rotating Euler beam, and investigate the effe
Coriolis and centrifugal force on the natural frequency of the rota
beam. Consider a uniform Euler beam rigidly mounted on the periphe
a rigid hub, which rotates about the hub axis fixed in space at a con
angular speed. The deformational displacements of the beam are d
in a rotating rectangular Cartesian coordinate system which is rigidly
to the hub. The vibration of the beam is measured from the position o
steady-state axial deformation, and only infinitesimal free vibration is
sidered. The equations of motion for the rotating Euler beam are de
by the d’Alembert principle and the virtual work principle. In order
capture all inertia effect and coupling between extensional and flex
deformation, the consistent linearization of the fully geometrically non
ear beam theory is used in the derivation. A method based on the p
series solution is proposed to solve the natural frequency. Numerica
amples are studied for the natural frequency of rotating beams with
ferent angular velocity and setting angle.

9:00

5aSAa3. Statistical energy analysis of two spring-coupled oscillators
Svante Finnveden ~Dept. of Vehicle Eng., KTH, 100 44 Stockholm
Sweden, svantef@fkt.kth.se!

The response of two spring-coupled oscillators is investigated to
velop our understanding of the weak coupling assumption in the m
approach to statistical energy analysis~SEA!. The oscillators have sto
chastic uncoupled resonance frequencies that are normal distribute
1348 J. Acoust. Soc. Am., Vol. 105, No. 2, Pt. 2, February 1999
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this case, the SEA coupling power proportionality holds for the ensemb
average response, even for single frequency excitation, provided tha
suitable definition of modal energy is adopted. It is seen that strength
coupling, from an ensemble point of view, is defined by the nondime
sional ‘‘interaction strength.’’ This quantity may, for multi-modal sys-
tems, be interpreted as the ratio of the SEA conductivety to the product
the modal overlaps in each element, in which case the strength of
coupling measure agrees with the one that previously was found to gov
the ensemble-averaged energies in one-dimensional wave guide syste

9:20

5aSAa4. A clamped beam, images solution.Jonas Brunskog~Dept. of
Eng. Acoust., LTH, Lund Univ., P.O. Box 118, SE-221 00 Lund, Swede
Jonas.Brunskog@kstr.lth.se!

The method of images is a well-known idea in theoretical physics, b
not often used in structural acoustics. When considering the problem
obtaining Green’s function for a general bounded domain, the reflection
described by an image source, and position and sign of the image
chosen to fulfill the boundary conditions. The Green’s function can the
be found as the superposition of the free Green’s function for the tw
sources. Consider now a finite beam, clamped at the boundaries and dr
by a point force. In order to make use of periodicity, expand the regio
along thex axis. To the original force an infinite number of image source
were added. The image expansion is even, and the clamped bounda
convert to simply supported edges. The reforcing supports are introduc
in the equation as infinite sums. The system is now infinite, implyin
Fourier transforms to be used on the spatial coordinate. The transform
displacement and inverse transform are solved for formally. The supp
forces are related to the beam displacement, so that the yet-unknown
action forces are solved for. The resulting infinite sums are given expl
itly using the Poisson sum formula and the contour integration.

9:40–10:00 Break

10:00

5aSAa5. Modal overlap and dissipation effects in a fuzzy structure
containing a continuous master element. Michael V. Drexel and Jerry
H. Ginsberg ~G. W. Woodruff School of Mech. Eng., Georgia Inst. of
Technol., Atlanta, GA 30332-0405, jerry.ginsberg@me.gatech.edu!

This work was prompted by a study by Strasberg@J. Acoust. Soc. Am.
102, 3130~A! ~1997!# in which a large suspended mass had numerou
small spring–mass–damper systems attached to it. The system param
in his model were selected such that the isolated natural frequency of e
attached system was close to the natural frequency of the isolated ma
structure. Strasberg found when an impulse excitation is applied to t
master structure, the critical issue is the bandwidth of the isolated attach
systems in comparison to the spacing between the natural frequencie
1348Joint Meeting: ASA/EAA/DEGA
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those systems. Modal overlap, which corresponds to bandwidths tha
ceed the spacing of those frequencies, was shown to lead to an im
response that decays exponentially. In contrast, light damping leads
impulse response that consists of a sequence of exponentially dec
pulses, due to delayed energy return from the subsystems. The pr
work explores these issues for continuous systems by replacing the
degree-of-freedom master structure with a cantilevered beam. The sy
parameters are selected to match Strasberg’s model, with the susp
subsystems placed randomly along the beam. The beam displacem
represented as a Ritz series whose basis functions are cantilever
modes. The coupled equations are solved by a state–space eigen
analysis that yields a simple closed-form representation of the respon
terms of the complex eigenmode properties. The continuous fuzzy s
ture is shown not to display the transfer of energy between the ma
structure and the substructures exhibited by the discrete fuzzy struc
apparently because the attachment points move asynchronously due
spatial dependence of the beam’s displacement.

10:20

5aSAa6. Reflection and transmission at an attachment half-space
John J. McCoy ~Catholic Univ. of America, Washingon, DC 20064!

The reflection and transmission at the connection of an attachm
half-space to a core half-space that contains a source of mechanical e
and one or more scatterers is considered. Both the attachment and
half-spaces have property measures that are invariant with distance
the connection plane, but may vary with position in planes parallel to
connection plane. At issue is the construction of a reflection operator
both applies at the connection plane and is expressed in terms of ope
that separately describe the responses of the half-spaces at the conn
plane, i.e., of impedance operators that can be written for the half-sp
in isolation. A successful construction is achieved for a connection
spans the entire connection plane. For this scenario, the constru
achieved is easily identified as a generalization of a ‘‘nonreflecting bou
ary condition,’’ in that the reflection operator obtains no reflection for a
incident field, if the impedance operators for the two half-spaces are
same. The achieved construction is next demonstrated tonot apply for a
connection that spans only a finite portion of the connection plane, i.e
aperture. For this second scenario, pressure release conditions app
both half-spaces at points on the connection plane that are outsid
aperture. The reason for the failure is the impedance operators that a
in the context of a full-plane connection are not uniquely described fo
connection that applies to a finite aperture. That is, mobility operators
can be identified with the DtN map obtained on factoring a two-w
description of the fields in the half-spaces into separated one-way des
tions, are uniquely defined regardless of the connection region. Howe
the inverse of this mobility operator requires connection across the e
plane. The implication of this demonstration for more complex experim
tal scenarios in both propagation modeling and structural acoustics is
cussed.

10:40

5aSAa7. Localized modes of long floating structures.Dmitri Azalinov
~Inst. for Problems in Mech. Eng. RAS, Bolshoy pr. V. O. 61, S
Petersburg 199178, Russia, azalinov@hidro.ipme.ru!

The paper is devoted to the problem of fluid–structure interact
Nowadays the problems of construction and maintenance of buoyan
stations arouse large interest. As a rule, a buoyant air station is a long
of defined width and it locates near a shore at a small depth. It means
for the construction of a mathematical model one can use the equatio
the thin plate oscillations on shallow water. It is shown in what freque
1349 J. Acoust. Soc. Am., Vol. 105, No. 2, Pt. 2, February 1999
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ranges the propagation of bending-gravitation waves is possible. Ap
from cutoff frequencies a real spectrum of eigenfrequencies and co
tions of its existence have been determined. The presence of such
quences makes possible phenomena of wave localization in area of
plate and its resonance. The localization of a standing wave type occu
one of the directions, at the same time the wave propagation occurs in
perpendicular direction. The eigenmode is symmetrical and has maxim
in the middle of the plate. The parameters of a plate–liquid system h
been determined, when these effects can be possible. These problems
been solved with a combination of analytical and computer approache

11:00

5aSAa8. Elastic wave scattering on a rod-like inclusion. Nikolai A.
Lavrov ~Inst. for Problems of Mech. Eng. of Russian Acad. of Sc
Bolshoi Prospect 61, St. Petersburg, 199178, Russ
lavrov@euler.ipme.ru!

Wave propagation in an infinite~or semi-infinite! elastic solid contain-
ing a thin curvilinear rod-like inclusion~or liquid-filled cavity! is under
consideration. The materials of the inclusion and the medium are isotro
homogeneous, and linearly elastic. They differ in mass density, Youn
modulus, and Poisson’s ratio. The transversal size of the inclusion is m
smaller than the large linear size which is assumed to be comparable
the incident wavelength. Numerical implementation of the direct metho
~FEM, BEM, FDM, and their combinations! is connected with the princi-
pal difficulty caused by the degeneration of the region~presence of a small
geometrical parameter!. To overcome this obstacle an asymptotic decom
position is carried out. The original problem is reduced to two problems
decreased dimension. The first one is governed by the integral equa
over the rod axis and describes the spatial dynamic effects of the proc
The second one is 2-D problem of elastostatics. It is governed by
system of integral equations over the cross section and describes the
formation of it. The deflection of the cylindrical inclusion and the stre
concentration are calculated in the case of the normal incidence.

11:20

5aSAa9. A boundary controller for realistic double-panel partitions;
Feasibility and experimental validity. B. Jemai, Mohammed N.
Ichchou, and L. Lezequel~Laboratoire de mecanique des solides, 3
avenue de Guy de colongue 69009, Ecully, France, jemai@ec.lyon.fr!

The double-panel partitions are often used in noise control enginee
because of their high attenuation capacity of noise. In the literature, sim
supported panels with thick fluid cavities are considered to investigate
physical phenomena governing the vibro-acoustic behavior. In this stu
a realistic partition is considered. It is a set of two flat rectangular a
glass panels and three rubber bands and a frame. The panels are fix
each other and to the frame using the rubber bands as separators a
edges. A numerical model taking into account possible motion of t
panel’s boundaries and the fluid–structure interaction is developed.
influences of the rubber stiffness and the panel’s mass-to-stiffness r
and the fluid cavity thickness on the pumping mode are considered.
study shows that a double-panel partition where rubber band rigidity
higher than the equivalent rigidity of the fluid cavity is not interestin
because it behaves as a single panel. However, the partition with lo
rubber rigidity provides higher attenuation in all the frequency doma
except near the mass–air–mass mode where an active structural cont
shown possible by partial piezoelectric sheets at the panel’s boundarie
comparison with an experimental study is proposed in this work.
1349Joint Meeting: ASA/EAA/DEGA
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11:40

5aSAa10. Combined damping treatments. A. Nikiforov ~Krylov
Shipbuilding Research Inst., 196158, Moskovskoe Shosse 44,
Petersburg, Russia, krylspb@sovam.com!

At present, to decrease a vibration of engineering structures three
types of damping treatments are used:~i! layer of hard viscoelastic plastic
with sublayer of hard light plastic;~ii ! layer of soft viscoelastic plastic o
rubber, constrained by thin hard layer; and~iii ! layer of thickness vis-
coelastic material. All these treatments ensure effective vibration dam
at a limited frequency range. Structures of combined damping treatm
uniting properties of some of the above-mentioned ones are propo
Damping effectiveness of proposed treatments is essential at more
frequency range. Formulas to estimate the loss factor of combined t
1350 J. Acoust. Soc. Am., Vol. 105, No. 2, Pt. 2, February 1999
.

.
e
-

ment are given. Measured loss factor of one of the proposed treatmen
shown. Data of an experiment and an estimation are close to each oth

12:00

5aSAa11. On the acoustical properties of cylindrical shells and pipe
sleeves. D. Gužas ~Lithuanian Agricultural Acad., Vilnius 2007,
Lithuania!

Acoustical properties of cylindrical shells and pipes differ greatly from
plane sound insulation properties. Sometimes opposite results
achieved, especially at low frequencies. The report presents these dif
ences and causes that have been proved theoretically. The sound pe
ability through sleeves has not been fully investigated as yet. Here analy
and comments of the works performed are presented.
.
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9:00

5aSAb1. An overview of the fan active noise control effort at NASA, Lewis. Lawrence J. Heidelberg~NASA, Lewis Res. Ctr.,
21000 Brookpark Rd., Cleveland, OH 44135, l.j.heidelberg@lerc.nasa.gov!

NASA, Lewis began an effort, several years ago, in the area of fan tone active noise control. This effort was part of the Advanced
Subsonic Transport Program. The effort consists of two parts:~1! building a test facility~the active noise control fan! to allow proof
of concept testing, and~2! a contract effort to bring several concepts to the test phase. This paper will describe the test facilty and its
unique capabilities such as a continuously rotating rake to measure the complete modal structure of the fan tones. Concepts tested will
be described and the test results will be briefly discussed. All the concepts involve modal control. The concepts range from a single
wall actuator array to control a single radial mode order, to multiple orders in both inlet and exhaust ducts using active vanes. In
addition, a hybrid system~active1passive elements! and active treatment system will be presented. The performance of these systems
will be discussed in terms of mode and tone total power reduction.

9:20

5aSAb2. Application of active control techniques to the turbomachine fan noise reduction.J. Julliard, Ch. Lozachmeur, and D.
Berge ~SNECMA, Site de Villaroche, 77550 Moissy-Cramayel, France!

Fan noise is a dominant source in future high-bypass engines with a lower and more extended frequency signature. The reduced
efficiency of passive liners with thinner and shorter nacelles leading to a more severe noise legislation requires work on active
technologies in order to reduce even better the fan noise radiation~especially tones! in the near and far fields. This paper deals with
active noise control~ANC! applied to the reduction of fan tones. The described investigation is an experimental study performed on
a fan model installed in an anechoic chamber. Error sensors are successively located in the near-field radiation and flush mounted in
the forward and aft duct fan. Loudspeakers are used as actuators to generate a secondary acoustic field. A moving antenna in the fa
field measures the noise radiation and the zones of silence. A new multi-channel controller, highly efficient in terms of frequency and
channel number, is used. Transfer functions between actuator and sensors are analyzed and numerical simulation calculations are
achieved for optimization of the number and location of error sensors and actuators. Fundamental tone of the fan is controlled with
reductions up to 10–15 dB.
1350Joint Meeting: ASA/EAA/DEGA



9:40

5aSAb3. A modal concept for active noise control in circular or annular ducts. Yanchang Zhang,a! Lars Enghardt, and
Wolfgang Neise ~DLR-Inst. fuer Antriebstechnik, Abteilung Turbulenzforschung Berlin, Mueller-Breslau-Strasse 8, 10623 Berlin,
Germany!

A new active noise control strategy is presented which is aimed at reducing circumferential as well as radial acoustic modes in
circular and/or annular ducts as used, for example, in aircraft engines. The azimuthal mode structure of the duct sound field is
measured by using circumferentially spaced sensors in several axial planes which are mounted flush with the inner duct wall. No
attempt is made to control the entire primary sound field, but only the dominant azimuthal modes which are propagational in the duct.
With this procedure, the number of control variables is greatly reduced. The radial modes are reduced in an indirect way, i.e., the exact
radial mode structure of the primary sound field in the duct need not be known for this purpose.a! Now with LUK GmbH & Co.,
Industriestrasse 3, 77815 Buehl, Germany.

10:00

5aSAb4. Active flow control using MEMS actuators to reduce fan noise.Jinwei Feng, Nikhil Rao, Ricardo A. Burdisso, and
Wing F. Ng ~Vib. and Acoust. Labs., Mech. Eng. Dept., Virginia Tech, Blacksburg, VA 24061-0238!

Active flow control is employed for wake filling in the upstream guide vanes of a fan stage to reduce the unsteady pressure on the
downstream rotor blades. Micro-electro-mechanical systems ~MEMS!-based micro-
valves are used to control precisely the amount of blowing air used to energize the low velocity wake fluid coming off the trailing edge
of the stationary blades. A multichannel feedback proportional-integral-and-derivative controller is used to provide the control signals
to the microvalves to optimize the blowing air needed to obtain uniform wake filling along the span of the guide vanes. An experiment
is conducted using a small-scale turbofan simulator in an anechoic chamber to monitor the fan noise reduction due to wake filling. The
error signals used for the controller were the pressure differences between a Pitot probe placed in the freestream flow and Pitot probes
placed in the wakes of the guide vanes. Results indicate noise reduction of 10 dB at the blade-passing frequency tone and 2–5 dB at
the harmonics. In addition, the controller is able to track the change in flow conditions due to transients of the turbofan simulator
speed, thus demonstrating the successful implementation of the active flow control to minimize fan noise.@Work supported by
AFSOR and NASA.#

10:20

5aSAb5. Active cancellation of rotor/stator interaction tones in turbofan engines. Bruce E. Walker, Alan S. Hersh~Hersh
Acoust. Eng., Inc., 780 Lakefield Rd., Unit G, Westlake Village, CA 91361, haebew@iswest.com!, Lawrence J. Heidelberg~NASA
Lewis Res. Ctr., Cleveland, OH!, and Michael E. Spencer~Signal Processing Solutions, Redondo Beach, CA!

Rotor/stator-generated aerodynamic noise in turbofan engines, HVAC axial fans, and other turbomachinery is often dominated by
blade passage harmonics produced by dipole sound sources. Radiation toward the inlet and exhaust depends upon the effective
orientation of the dipole sources relative to the propagation angles of the excited modes. Absorption of this tonal noise using passive
treatment is often compromised because of a lack of knowledge of the relative phases and amplitudes of the propagating modes. A
modal-based active cancellation system has been developed for global suppression of rotor/stator interaction tones. Axially spaced
annuli of controlled wall-mounted actuators are located immediately upstream and downstream of the hubs and tips of stator vanes.
Wall-mounted error microphone arrays are located in the inlet nacelle and exhaust duct. Actuator drive vectors are determined in an
adaptive-quadrature control algorithm that seeks to minimize total radiated noise. The concept was initially developed and tested on
a 24-in. axial fan facility and then extended and demonstrated on the 48-in. Active Noise Control Fan facility at NASA Lewis
Research Center. Simultaneous suppression of modes~4,0! and~4,1! of 8–17 dB toward the inlet and 3–11 dB toward the exhaust was
achieved at the second blade-passage harmonic.
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10:40

5aSAb6. Comparison of two algorithms for modal active control of
fan noise in a duct. Laurent Tardy, Eric Gonneau, and Jean-Pie
Guilhot ~Lab. d’Acoust. de Metrologie et d’Instrumentation, 38 rue d
36 Ponts, F31400 Toulouse, France!

The reduction of fan noise in circular ducts has been realized u
active control. Preliminary modal decomposition has allowed the dete
nation of preponderant acoustical modes. The comparison of two met
has been executed both in simulation and experimentation. First,
x-filtered LMS algorithm has been tested. The second algorithm, base
a harmonic controller specially adapted for tonal noise, was compose
1351 J. Acoust. Soc. Am., Vol. 105, No. 2, Pt. 2, February 1999
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f

multiple in-phase and quadrature weights; it only needs two complex
efficients per frequency and per mode. Simulations have been first
formed to evaluate filter lengths and step sizes. In an initial experim
the fundamental has been reduced by 15 dB thanks to a SISO environ
acting on the~1,0! mode. Then, with a MIMO controller, the~0,0! and the
~1,0! modes could have been cancelled simultaneously at the fundam
frequency and the first harmonic. The test bed is composed of an axia
whose fundamental frequency is 2150 Hz and a 0.1-m-diam duct;
actuators and sensors are, respectively, crowns of four loudspeaker
four error microphones mounted on the wall. With regard to these exp
mental results, both control methods have been compared, lookin
efficiency, stability, and speed, in accordance with computatio
complexity.
1351Joint Meeting: ASA/EAA/DEGA
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Invited Papers

8:00

5aSCa1. Wavelets for speech processing.Shubha Kadambe ~HRL Labs., 3011 Malibu Canyon Rd., Malibu, CA 90265,
skadambe@isl.hrl.hac.com!

This presentation is focused on the application of wavelets for speech. Wavelet analysis was recently introduced to the signal and
image processing community. Since then it has been applied to various problems. Robustness is an issue in the case of speech-base
systems. Wavelet analysis seems to be one answer for this problem. In this lecture, an overview of what are wavelets and why
wavelets are used for speech processing is given. Wavelet-based speech applications such as phoneme recognition and low bit-rate
speech compression are discussed. Experimental results are provided to demonstrate the usefulness of wavelet analysis for speec
applications.

8:20

5aSCa2. Analysis of voiced speech using harmonic models.Yannis Stylianou ~AT&T Labs. Res., 180 Park Ave., Florham Park,
NJ 07932-0971!

It is very common to consider voiced speech as a periodic or quasiperiodic signal. Therefore, harmonic models are usually
proposed for the modeling of this part of speech. This paper focuses on the harmonic analysis of speech. Three models are presented
and compared. The first model is the simplest among the three models and it supposes that the speech signal is a stationary signal. Th
second model does not make the hypothesis of the stationarity of the speech signal; however, it is an harmonic model. The third model
does not consider speech as a stationary signal, and even though the fact that it uses the fundamental frequency as the basic frequenc
of the signal, it is not an harmonic model. The analysis presented here has as a goal to clarify the harmonic analysis of speech signals.
From an application point of view, the first simple model seems to be quite good for low bit rate speech coding. The other two models
are more complicated and they need more parameters to represent the speech signal. However, these models are more efficient in
modeling the speech signal and they give us more insight about speech that can be used on applications like speech analysis and
synthesis.

8:40

5aSCa3. Data-driven speech analysis for ASR.Hynek Hermansky ~Oregon Grad. Inst. of Sci. and Technol., Portland, OR
97006-8921, hynek@ece.ogi.edu!

A typical large vocabulary automatic speech recognition~ASR! system consists of three main components:~1! the feature
extraction,~2! the pattern classification, and~3! the language modeling. Replacing hardwired prior knowledge in the pattern classi-
fication and language modeling modules by the knowledge derived from the data turned out to be one of most significant advances in
ASR research in the past two decades. However, the speech analysis module so far resisted the recent data-oriented revolution and i
typically built on textbook knowledge of speech production and perception. Since it is believed that speech was optimized by millenia
of human evolution to fit properties of human speech perception, deriving the speech processing knowledge from speech data may
make some sense. The work describes some attempts in this direction. The linear discriminant analysis is used to learn about structure
of speech signal to derive optimized spectral basis functions and filters~replacing conventional cosines of the cepstral analysis and
conventional delta filters for deriving dynamic features! in processing the time-frequency plane of the speech signal.@Work supported
by the Department of Defense and by the National Science Foundation.#
1352 1352J. Acoust. Soc. Am., Vol. 105, No. 2, Pt. 2, February 1999 Joint Meeting: ASA/EAA/DEGA
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9:20

5aSCa4. Crime-detection automatic speaker verification and
identification „CASVI … system. Igor I. Gorban, Nick I. Gorban, and
Anatoly V. Klimenko ~Inst. of Math. Machines and Systems, 42 Av
Acad. Glushkov, Kiev, Ukraine, 252187, gorban@immsp.kiev.ua!

The crime-detection automatic speaker verification and identifica
~CASVI! system, using a new spectral and cepstral analysis techniqu
described. Robust speaker recognition algorithms, the operation m
the control windows, the testing methodology, and the testing resul
the system are presented. Research of the system has shown it ca
ciently work with strongly corrupted utterances, while the corruption
the utterances being compared may be considerably different. For
utterances, permissible frequency distortions are 35 dB in the oper
band and the permissible signal-to-noise ratio of additive noise is 12
In these conditions, the CASVI system using 12-s speech utterances
onstrates the possibility to verify and identify persons on the level of 9
of correct acceptance when the false-alarm rate is 10%. The verific
and identification time by the system takes some minutes. The CA
system does not require high qualification of an expert. The system h
very simple interface that allows working in full automatic mode a
forming reports without any special schooling. The CASVI system i
software product installed on a Pentium-based PC running with Wind
95.

9:40

5aSCa5. Revisiting analysis by synthesis.Timothy Bunnell and Silvio
Eberhardt ~Speech Res. Lab., duPont Hospital for Children and Univ
Delaware, 1600 Rockland Rd., Wilmington, DE 1980
bunnell@asel.udel.edu!

Analysis by synthesis~AbS!—analyzing a speech signal by determi
ing parameters for its synthesis—has been visited by investigators
several decades, but this approach has not resulted in commonly
speech acoustic analysis tools. The most prominent reasons for this a
substantial computational demands of AbS and the availability of
analysis methods like LPC that are ‘‘good enough’’ in most cases. H
ever, the availability of substantially more powerful, yet inexpensi
computers and the need for analysis methods that work well in all c
prompted this revisit to the use of AbS. To that end, an AbS program
developed that performs a pitch synchronous fit of formant synthesis
rameters to acoustic speech signals. This program, called GASP, us
Levenberg–Marquardt method to adjust synthesis parameters to ac
an accurate approximation to the input speech spectrum for each an
epoch. At present, GASP fits five formants and one antiresonance a
with corresponding bandwidths and two source parameters~amplitude and
spectral slope!. The talk will illustrate advantages and some disadvanta
of the GASP approach, and describe an extension of GASP that inc
rates temporal as well as spectral constraints on parameter fitting.@Work
supported by Nemours Research Programs and NIH.#

10:00

5aSCa6. Speech visualization with auditory contours. Peter Daniel
~Neutrik Cortex Instruments, Erzb.-Buchberger-Allee 14, D-930
Regensburg, Germany, daniel@neutrik-cortex.de!, Harald Mundt ~Appl.
Tech. Univ. Regensburg, D-93049 Regensburg, Germany!, and Matthias
Vormann ~C. v. O. Univ. Oldenburg, D-26111 Oldenburg, Germany!

Speech perception is based on several steps of abstraction or co
ization. In analogy to primary visual spatial contours Terhardt introdu
the spectral pitch as the primary auditory spatial contour for further c
plex perceptions like phonemes, syllables, and sentences. Spectral
can be derived from the part-tone time-pattern~PTTP! as proposed by
1353 J. Acoust. Soc. Am., Vol. 105, No. 2, Pt. 2, February 1999
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Heinbach@Acustica 67, 242–256~1988!#. The PTTP can be seen as
physical equivalent of the spectral pitch contour. It consists of spec
maxima extracted from a spectrum analysis with time and frequency re
lution according to the human ear. By resynthesis it can be shown that
PTTP contains all relevant information of the original signal. In additio
one can edit and modify the PTTP of speech in a controlled way a
auralize the changes through resynthesis. Further applications like
analysis ofF0 contours, separation into voiced and unvoiced parts, virtu
pitch analysis and segregation of simultaneous signals will be discuss

10:20–10:40 Break

10:40

5aSCa7. Spectral analysis of esophageal speech.Jinlin Lu, Satoshi
Nakamura, and Kiyohiro Shikano~Grad. School of Information Sci.,
Nara Inst. of Sci. and Technol., Nara, Japan!

Esophageal speech is widely used by larynegetomized people.
purpose of this paper is to show the spectral characteristics of esopha
speech and to investigate the effect of the spectral component in
higher-frequency region from the viewpoint of speech quality. In order
obtain accurate spectral characteristics of esophageal speech which is
turbed both in period and amplitude, the STRAIGHT method@Kawahara
et al., ICASSP-97, 1303–1306~1997!# was used partly, and some othe
processes were added into it. The results from sustained Japanese
vowels, which were produced by seven esophageal and seven normal
speakers, indicate that~1! spectral tilt of each of the esophageal vowels
larger than that of the normal vowels,~2! the energies in the higher-
frequency region of esophageal speech are systematically larger than t
of the normal speech. A paired comparison approach was used to eva
the resynthesized speech which is obtained from a synthesizer based o
RK-source model@Klatt et al., J. Acoust. Soc. Am87, 820–857~1990!#
and the original prosodical parameters. When the energy in the high
frequency region was attenuated at some values, then the resynthe
speech was preferred more by the listeners.

11:00

5aSCa8. Comparing alternate representations of acoustic properties
in vowel perception. Terrance M. Nearey, Michael Kiefte~Dept. of
Linguist., Univ. of Alberta, Edmonton, AB T6G 2E7, Canada!, and James
H. Hillenbrand ~Western Michigan Univ., Kalamazoo, MI 49008!

Hillenbrand and Nearey@submitted; see J. Acoust. Soc. Am.100,
2688~A! ~1996!# have shown that listeners’ identification of vowels can b
well predicted using a two-target, formant-based feature set. Howe
their analysis also suggests that other factors affect the perception of v
els in natural /hVd/ syllables. Various methods have been proposed for
representation of acoustic cues to vowel quality. This work will compa
several alternate methods of characterizing short-time spectra, includ
cosine series@Zahorian and Jagharghi, J. Acoust. Soc. Am.94, 1966–1982
~1993!# and Gaussian mixtures@Zolfaghari and Robinson, Proc. 4th Intl.
Conf. Spoken Lang. Proc., 1229–1332~1996!#, as well as more traditional
envelope-peak~formant! based analyses. Alternate methods of sampli
or summarizing time-series of such parametric representations will also
explored. To what extent can other representations improve prediction
listeners’ behavior? Using cross-validation techniques, alternative me
ods will be evaluated on the acoustic and perceptual data of Hillenbranet
al. @J. Acoust. Soc. Am.97, 3099–3111~1995!# based on more than 1500
/hVd/ syllables, as well as on perceptual data for vowels resynthesi
from measurements of the subset of those stimuli studied by Hillenbr
and Nearey~1996!.

11:20–11:40 Discussion
1353Joint Meeting: ASA/EAA/DEGA
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8:00

5aSCb1. Maximum likelihood methodology applied to empirically
described probability distributions of speech movement data. H.
Betty Kollia ~Dept. of Logotherapy, TEI Patras, Patra, 26334, Gree!

and Jay Jorgenson~Oklahoma State Univ., Stillwater, OK 74078!

In previous work@J. Acoust. Soc. Am.102, 3164–3165~A! ~1997!# an
analysis of speech production data@from Kollia et al., J. Acoust. Soc. Am.
98, 1313–1327~1995!# was initiated using Maximum Likelihood method
ology in order to introduce a more realistic description of the behavio
the articulators. In this way the kinematic measures are described
natural probability distributions determined by the data set itself. Th
results show much smaller confidence intervals when the possible v
of these parameters are described as lying in a bounded range~versus a
normal distribution! with a diminishing likelihood of observing a dat
point farther from~than closer to! the mean. In this study the data are us
to estimate the probability distributions~one for each value of the inde
pendent variable!. The methodology employed, the family of probabil
distributions described by the data~one family for velocity-displacemen
data and another family for displacement-displacement data!, and the re-
sulting statistical analysis via maximum Likelihood methodology are
ported on. Finally, the entire analysis is described in terms of what ca
viewed as stochastic linear regression analysis with general error t
and the method for further analysis of error terms for comparable d
@Work supported by NSF.#

8:20

5aSCb2. Emphasized versus unemphasized /aJ/: Jaw, tongue, an
formants. Donna Erickson ~Ctr. for Cognit. Sci., Ohio State Univ.
Columbus, OH 43210, erickson@shs.ohio-state.edu!, Osamu Fujimura
~Ohio State Univ., Columbus, OH 43210!, and Jianwu Dang ~ATR,
Human Information Processing Res. Labs, Kyoto, 619-02 Japan!

This study documents the relation between formants and jaw/ton
dorsum position in the context of emphasized–unemphasized mon
labic words with the vowel /aJ/ in read speech. Articulatory and acou
data were obtained by x-ray microbeam at the University of Wiscon
~courtesy, J. Westbury! from three American English speakers for abo
300 words per speaker. Emphasized as opposed to unemphasized
are characterized by higherF1, lower F2, and lower jaw and tongue
dorsum. Preliminary analysis of one speaker using a one-way ANO
indicates the differences are statistically significant. For one speake
emphasized vowels, an increase of lowering minima by 2 and 3
respectively, for jaw and dorsum results in a 100-Hz change inF1 andF2
each. The biomechanical mechanism relating dorsum position to jaw
sition will be discussed, in conjunction with the recent C/D-model int
pretation of jaw movement and durational change as the consequen
syllable magnitude control@O. Fujimura, B. Pardo, and D. Erickson
ESCA ~1998!#. @Work supported by NSF SBR-951199B and ATR/HI
Kyoto, Japan.#
1354 J. Acoust. Soc. Am., Vol. 105, No. 2, Pt. 2, February 1999
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8:40

5aSCb3. Control of oral closure in stop consonants with different
closure durations. Anders Lofqvist ~Haskins Labs., 270 Crown St.,
New Haven, CT 06511, lofquist@haskins.yale.edu!

This study examined lip and tongue kinematics in the production
stop consonants that differ in the duration of the oral closure. The lingu
tic material consisted of Swedish words that contained either a short vo
followed by a long stop, or a long vowel followed by a short stop. Articu
latory movements were recorded using a magnetometer system. The a
age closure duration for the long stops was 100–150 ms, about twice
closure duration for the short stops. Preliminary results for one subj
suggest that the lip closure for the long stop was produced with an upw
movement trajectory of the lower lip that reached a higher position duri
the closure than the trajectory for the stop with a short oral closure. A
result, there was more mechanical interaction between the upper and lo
lips, with the lower lip pushing the upper lip upward. For stops articulate
with the tongue, the tongue moved along a longer path during the s
closure for the long than for the short stops. The average velocity of
tongue movement during the stop closure was lower for the long than
the short stops.@Work supported by NIH.#

9:00

5aSCb4. Coarticulation of tongue and jaw movements in speech.
Vincent L. Gracco ~Haskins Labs., 270 Crown St., New Haven, CT!,
Douglas M. Shiller, and David J. Ostry~McGill Univ., Montreal, QC
H3A 1B1, Canada!

Coarticulatory patterns in speech movements arise from the interac
of neural control signals with mechanical and geometrical properties
vocal tract structures. By determining those aspects of the biomechan
system that are compensated for in neural signals, it can be learned w
the nervous system ‘‘knows’’ abouts its own dynamics. Previous work h
shown that coarticulatory patterns in jaw movement may arise as a c
sequence of muscle properties and dynamics rather than characteristi
the neural code@Ostry, Gribble, and Gracco, J. Neurosci.~1996!#. This
finding suggests that the nervous system may take limited accoun
orofacial dynamics in planning speech movements. However, in the c
of interarticulator coarticulation, mechanical interaction among articu
tors may necessitate a more complex pattern of control. As a first step
assessing the characteristics of control signals that underlie interarticul
patterning, kinematic patterns of coarticulation in the tongue and jaw
reported on. Patterns of individual articulator motion as well as intera
ticulator spatial and temporal relationships will be described.@Research
supported by National Institute of Deafness and Other Communicat
Disorders Grant No. DC-00594, NSERC~Canada!, and FCAR~Quebec!.#
1354Joint Meeting: ASA/EAA/DEGA
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9:20

5aSCb5. Effects of lip protrusion on measurements of lip aperture.
D. H. Whalen, Bryan Gick, and Anders Lofqvist~Haskins Labs., 270
Crown St., New Haven, CT 06511, whalen@haskins.yale.edu!

Lip movement during speech has been measured by many techni
One common class of methods uses one marker for each lip, us
located midsagittally at the vermilion border. However, equating the
tance between markers with the distance between the lips is problem
Westbury and Hashi@J. Phonet.25, 405–419~1997!# found that compres-
sion of the lips during stop closure precluded using a single value for
minimum distance when the lips were together. Thus lip trajectories a
cannot determine the point of closure nor estimate lip aperture du
vowels. The present experiment used video images collected sim
neously from front and side views of phonemes varying in lip shape~three
vowels, two fricatives!. The distance between the vermilion borders~i.e.,
typical marker locations! was about 3 mm larger than the actual apertu
for /u/ relative to /a/ and /i/ and for the palatal fricative relative to /s/. T
difference correlated best with the degree of upper lip protrusion. Outw
curling of the lips, bringing the inner margins closer during roundin
seems the likeliest explanation. Predicting the actual aperture from ma
locations must consider both the vertical separation and the degre
protrusion.@Work supported by NIH Grant No. DC-02717.#

9:40

5aSCb6. No role for syllables in English speech production.Niels O.
Schiller ~Cognit. Neuropsych. Lab., Dept. of Psych., Harvard Uni
Cambridge, MA 02138!

Four experiments investigating the role of the syllable in Engl
speech production are reported. In experiment 1, pictures had to be na
Pictures were preceded by visually masked primes that correspond
the first syllable~CV or CVC! of the picture name or were one segme
shorter or longer than its first syllable. Naming latencies were shorte
the CVC priming condition independent of the syllabic structure of
target. Experiment 2 replicated this effect with words. In experiment 3
words could be grouped into pairs and overlapped in the first three le
while being different in syllable structure~e.g., se.cret–sec.tion!. The
same result as in the previous two experiments was obtained. Experi
4 was added to show that the size of the priming effect increased
longer prime exposure duration. The results contradict the syllable prim
hypothesis but are in line with the segmental overlap hypothesis.

10:00–10:20 Break

10:20

5aSCb7. Two kinematic models of the human tongue from MRI data.
Edward Davis ~Dept. of Mech. Eng., Johns Hopkins Univ., Charles a
34th St., Baltimore, MD 21218, Ned@jhu.edu!, Maureen Stone~Univ. of
Maryland Med. School, Baltimore, MD 21201!, and Andrew Douglas
~Johns Hopkins Univ., Baltimore, MD 21218!

Two models of tongue motion were developed and applied to tag
cine MRI data of the human tongue during movement from the conson
/k/ and /s/ to the vowels /i/, /a/, and /u/, in three sagittal slices~L, M, R!.
The first model, a global kinematic model, utilized surface edges of
tongue perimeter observed within the images. The model focused on
composing tongue surface movements into the following mechanical
formations: rigid-body motions~translation and rotation! and homoge-
neous stretch and shear. The global model indicated that coarticula
effects occurred in both vowels and consonants. Deformation was gre
from /k/ to /a/, and was composed primarily of horizontal expansion, v
1355 J. Acoust. Soc. Am., Vol. 105, No. 2, Pt. 2, February 1999
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tical compression, and vertical lowering. Asymmetries were observed
the deformation patterns. The second model, a local kinematic mo
based on the motion of approximately 40 tag intersection points within
tongue, utilized the same low-order polynomial basis functions that
applied in finite-element analysis, within a finite number of small discre
regions. Specifically, the local model quantified the principal strai
within discrete regions inside the tongue during consonant–vowel de
mations. The local model was able to illuminate detail of local musc
activity within an individual syllable.

10:40

5aSCb8. Integration of three-dimensional and pressure sensitive
palatography for speech production study. Masahiko Wakumoto
~ATR Human Information Processing Res. Labs., 2-2 Hikari-da
Seika-cho, Soraku-gun, Kyoto 619-0288, Japan and 1st Dept. of O
Surgery, School of Dentistry, Showa Univ., Tokyo, 145-8515 Japa
mwakumo@hip.atr.co.jp!, Shinobu Masaki, Kiyoshi Honda ~ATR
Human Information Processing Res. Labs., Kyoto 619-0288, Japa!,
Naoki Kusakawa ~ATR Intl., Kyoto 619-0288, Japan!, and Toshikazu
Ohue ~Nitta Co. Ltd., Nara 639-1085, Japan!

Tongue-palate contact patterns during speech production have b
measured by electropalatography~EPG!. A conventional EPG system pro-
duces only a flat contact pattern, and does not provide data for either
three-dimensional aspect nor tightness of tongue-palate contact. This
per describes work integrating two recently developed palatography te
niques, i.e., three-dimensional electropalatography~3D-EPG! @M. Waku-
moto and S. Masaki, J. Acoust. Soc. Am.102, 3166~A! ~1997!#, and
pressure sensitive palatography~PSPG! @M. Wakumotoet al., Proceed-
ings of ICSLP98#. The former displays the electrode pattern on a realis
palatal shape, and the latter measures contact pressure by a thin
sensor array. The two systems are combined using the following pro
dures: ~1! individual palatal shape and contact patterns in the 3D fie
during consonant production are acquired by 3D-EPG,~2! dynamic
tongue-palatal contact pressure during the same consonant productio
the same contact area is monitored by PSPG. A preliminary experim
revealed contact pressure differences between voiceless and voiced
sonants~@t# . @d#! while the contact area for these consonants were alm
identical. This result suggests that the combined method can usefully a
ment the study of tongue-palate contact during consonant closures.

11:00

5aSCb9. Tongue–jaw trade-offs and naturally occurring
perturbation. Christian Kroos, Anja Geumann, and Philip Hoole~Inst.
fuer Phonetik, Munich Univ., Schellingstr. 3, D-80799 Munich, German
kroos@phonetik.uni-muenchen.de!

Experimentally induced perturbation of speech shows that articulat
resources are flexibly marshalled to achieve phonetically defined go
Are such key principles of motor control observable in unconstrain
speech? Two sources of natural perturbation were considered: coartic
tion and loud speech. Alveolar consonants were investigated. The ex
tation was that V-to-C coarticulation and different loudnesses would ca
consonantal jaw position to vary. Would the tongue use compensatio
keep vocal tract constriction relatively constant? Would trade-off patte
vary over consonants sharing place of articulation but differing in mann
One preliminary hypothesis, motivated by pilot experiments, was t
trade-offs would be most apparent in acoustically sensitive sounds suc
sibilants. This was not confirmed. Jaw position was so precise for sibila
that no lingual compensation was required. Probably the teeth func
here as an active articulator. Nevertheless, clear patterns in overall m
nitude of variability in the alveolar consonants were observed. For b
jaw and tongue, variability increased from fricatives via stops to the late
~and nasal!. Within the tongue these sound-specific effects were mo
pronounced for tongue-back than tongue-tip. Even such simple facts a
a coherent explanation. To this end, discussion will focus on the acou
properties of these sounds.@Work supported by DFG Ti69/31.#
1355Joint Meeting: ASA/EAA/DEGA
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11:20

5aSCb10. Maintenance of adaptive strategies to oral-articulatory
perturbations. Shari R. Baum ~School of Commun. Sci. & Disord.,
McGill Univ., 1266 Pine Ave. W., Montreal, QC H3G 1A8, Canada! and
David H. McFarland ~Univ. de Montreal, Montreal, QC, Canada!

The present investigation examined whether speakers would adap
palatal perturbation in@s# production subsequent to focused practice, a
whether the compensatory motor programs developed would be imm
ately available after a short period of rest. The fricative@s# was produced
in three vowel contexts@si sa su# with and without a specially designe
artificial palate in place at three time intervals: at the onset of the exp
ment, after a one-hour period of@s#-intensive practice with the palate i
place, one hour later after a period of rest without the palate in pl
Recordings of@Å# under normal speaking conditions were also made
each time interval to examine any potential carryover effects. Prelimin
analyses revealed that centroid frequencies of the@s# productions were
significantly lower in the perturbed condition relative to normal upon fi
insertion of the palate. After the practice period, centroids in the
conditions more nearly approximated one another. However, after a
period, speakers’ fricative productions were again impaired by the p
ence of the artificial palate. Results are discussed in relation to the d
opment and retention of adaptive articulatory programs in speech m
control. @Work supported by NSERC.#

11:40

5aSCb11. Adjustments in kinematic parameters of bilabial
articulatory gestures during repeated oral readings of the same
passage. Ludo Max ~Lab. for Speech Physiol. and Motor Control, Dep
of Speech-Lang. Pathol. and Audiol., Seton Hall Univ., South Orange
07079, maxludo@shu.edu!

Repetitive practice of nonspeech motor acts typically results in beh
ioral, kinematic, and kinetic changes that reflect underlying neurom
adjustments~motor learning!. The effects of repetitive performance on th
organization of speech movements, however, are less well unders
Yet, knowledge of such effects could~1! contribute to important theoret
ical notions in speech motor control,~2! reveal methodological concern
with currently used research paradigms, and~3! provide additional theo-
1356 J. Acoust. Soc. Am., Vol. 105, No. 2, Pt. 2, February 1999
a

-

t

-

.

retical and clinical insights into speech disorders that are positively a
fected by repetitive practice. The present study therefore investigated
effects of repeated oral readings of a single passage on kinematic par
eters of bilabial articulatory gestures~only closing gestures are discussed
here!. Seven adults, all normal speakers, performed five readings of
200-word passage containing five instances of each of three target wo
Movements of the lips and jaw were transduced with a strain gauge syst
whereas articulation rate was determined acoustically. All subjects
creased articulation rate from reading 1 to reading 5. Kinematic adju
ments were more consistently found~across subjects and target words! for
a derived signal representing lip aperture than for movements of the in
vidual articulators. Preliminary analyses suggest that some adjustme
may be mediated by phonetic context and/or syllable stress.

12:00

5aSCb12. Simulation of token-to-token variability in vowel
production. Christine R. Mooshammer~ZAS, Jaegerstr. 10/11, 10117
Berlin, Germany, timo@zas.gwz-berlin.de!, Pascal Perrier ~ICP, INPG,
38031 Grenoble Cedex, France!, and Yohan Payan ~TIMC, IMAG,
Grenoble, France!

It has been suggested@Perkell and Nelson,Speech Motor Control
~1982!, pp. 187–204# that the patterns of articulatory variability observed
over several repetitions of a same vowel could be explained by percept
requirements. To further assess this hypothesis, the patterns of articula
variability generated by the addition of noise to the motor control inputs
the tongue are studied. A 2-D biomechanical tongue model@Payan and
Perrier, Speech Commun.22, 185–205~1997!# was used, where muscular
forces are generated according to Feldman’s equilibrium point hypothes
Target motor commands were determined for /i, y, a, e, o, u/ and no
was then added to these commands. For each vowel, ten repetitions
/.V./ sequences were simulated. The generated patterns of variabi
were characterized by computing two-sigma dispersion ellipses around
target tongue position. A comparison was carried out with data collect
on a native speaker of German with an electromagnetometer~EMA,
Carstens AG!. Simulated and collected data depict noticeable differenc
in orientation and size of the ellipses. This suggests that the token-to-tok
variability is not likely to be explained by a random inaccuracy of th
motor inputs to the tongue.@Work supported by German Research Counc
Grant No. GWZ 4/3-1 and CNRS.#
.
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Chair’s Introduction—7:55

Invited Papers

8:00

5aSPa1. MM and the music world. Phil Ramone ~N2K, Inc., 55 Broad St., New York, NY 10004!

Creating music for the new and old media, for example: DVD standard, downloading, compression, and watermarking. The future
of music production minus picture or a full bandwidth audio with high-quality pictures, including documentary. In general, the new
frontierlike canvas of 1999 into the new millenium.
1356Joint Meeting: ASA/EAA/DEGA
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8:20

5aSPa2. Cognitive theories of musical meaning.Roger A. Kendall and Edward C. Carterette~Music Percept. and Acoust. Lab.,
Depts. of Ethnomusicology and Psych., Univ. of California, Los Angeles, CA 90095!

In this age of computer-based multimedia, it is useful to have a theoretical basis for combining audio and visual elements. Leonard
Meyer ~1956! discussed three primary types of musical meaning: referentialism, the arbitrary association of a musical event with a
meaning outside of the music itself; formalism, the meanings in music arising from explicit knowledge about the formal structure of
music; expressionism, meanings that arise from the tensions and releases embodied within the music itself. A similar model is
suggested by Charles Peirce: index, parallel to Meyer’s ‘‘referentialism;’’ icon, in which musical patterns suggest connections to
nonmusical frames of reference; symbol, similar to Meyer’s ‘‘expressionism.’’ It is clear that for either iconic or indexical meaning
to be communicated, one must first apprehend the syntactical, ‘‘embodied meaning.’’ Therefore, the tripartite taxonomical categories
outlined above are not discrete and orthogonal. It is best to conceive of musical meaning as existing along a continuum from
areferential~syntactical! to referential. Since the visual frame of reference can also be mapped onto this continuum, a useful model for
the interaction of audio and visual elements in film, dance, and animation arises. Audio-visual examples will illustrate the dynamic
unfolding of meanings suggested by the model.

8:40

5aSPa3. Fully immersive audio environments—musical, aesthetical, and computational considerations.David G. Malham
~Dept. of Music, Univ. of York, York YO10 5DD, England, dgm2@york.ac.uk!

Before the development of the telephone and the phonograph, all audio experiences were essentially three-dimensional. Compos-
ers and musicians had to accept the limitations of human performers and the acoustics in which they played. The development in the
nineteenth century of the technological means necessary to provide performances of music which were remote in either time or space
from the original was accommpanied by an almost complete removal of this three-dimensional aspect. Engineers and musicians have
been searching ever since for ways of restoring the balance. Progress in this endeavor has been rapid in the last two decades, so muc
so that composers, musicians, and sonic artists now have a wide range of techniques at their disposal for manipulating the spatial
elements in their compositions. This paper looks at various aspects of the technologies involved and the implications their availability
has for composers and sonic artists working in the medium. This is presented within the context of a historical perspective. Special
consideration is given to technologies which are intended to allow presentation to audiences, rather than, for instance, the more typical
virtual reality systems which is concerned with smaller numbers of individuals.

9:00

5aSPa4. A novel computing structure for 3-D audio rendering with multiple sources. Jiashu Chen ~Lucent Technologies, Inc.,
Rm. 1E-234, 200 Laurel Ave., Middleton, NJ 07748!

A novel computing structure has been implemented for efficient 3-D audio production. Head-related transfer function~HRTF! on
a sphere is represented as a linearly weighted combination ofM eigenfunctions~EFs!. Each EF is a function of frequency~or time!
and each weight~of M ) is a function of azimuth and evaluation. With this representation the 3-D positioned binaural signals of any
single sound source can be obtained by first multiplying the dry signal withM weights and then convolving them withM EFs. Proper
delay corresponding to ITD is introduced into binaural signals for the listener. Similarly, multiple sound source 3-D positioning is
achieved by weighting each source with its corresponding weights and by filtering them with the same set of EFs. For every source
added only one more set of weight has to be used to multiply the source without increasing the time-consuming EF filtering. It results
in an order of magnitude or more MIPS saving compared with direct convolution, especially when the number of sources is large. This
computing structure also offers scalability, graceful degradation, and other additional advantages.

9:20

5aSPa5. Challenges facing 3-D audio display design for multimedia.Durand Begault ~SJSU/Human Factors Res. and Technol.
Div., NASA Ames Res. Ctr., Moffett Field, CA 94035, db@eos.arc.nasa.gov!

The challenges facing successful multimedia presentation depend largely on the expectations of the designer and end user for a
given application. Perceptual limitations for distance, elevation, and azimuth sound source simulation differ significantly between
headphone and cross-talk cancellation loudspeaker listening and therefore must be considered. Simulation of an environmental context
is desirable but the quality depends on processing resources and control over interaction with the host acoustical environment. While
techniques such as data reduction of head-related transfer functions have been used widely to improve simulation fidelity, another
approach involves determining thresholds for environmental acoustic events. Psychoacoustic studies relevant to this approach are
reviewed in consideration of multimedia applications.@Work supported by San Jose State University–NASA Ames Research Center
Cooperative Grant NC 2-327.#

9:40

5aSPa6. Interactive acoustic modeling of complex environments.Thomas Funkhouser~Computer Sci. Dept., Princeton Univ.,
Princeton, NJ 08544!, Ingrid Carlbom, Gary Elko, Gopal Pingali, Mohan Sondhi, and James West~Bell Labs., Murray Hill, NJ!

A primary challenge in acoustic modeling is computation of reverberation paths from sound sources fast enough for real-time
auralization. This talk describes a system that uses precomputed spatial subdivision and ‘‘beam tree’’ data structures to enable
real-time acoustic modeling and auralization in interactive virtual environments. The spatial subdivision is a partition of 3-D space
into convex polyhedral regions~cells! represented as a cell adjacency graph. A beam-tracing algorithm recursively traces pyramidal
beams through the spatial subdivision to construct a beam tree data structure representing the regions of space reachable by eac
potential sequence of transmission and specular reflection events at cell boundaries. From these precomputed data structures, high
1357 1357J. Acoust. Soc. Am., Vol. 105, No. 2, Pt. 2, February 1999 Joint Meeting: ASA/EAA/DEGA
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order specular reflection and transmission paths can be computed at interactive rates to spatialize fixed sound sources in real-time as
the user moves through a virtual environment. Unlike previous acoustic modeling work, this beam-tracing method:~1! supports
evaluation of reverberation paths at interactive rates,~2! scales to compute high-order reflections and large environments, and~3!
extends naturally to compute paths of diffraction and diffuse reflection efficiently. A system based on this method is being used to
develop interactive applications in which a user experiences a virtual environment immersively via simultaneous auralization and
visualization.

10:00–10:20 Break

10:20

5aSPa7. Multichannel sub-band inverse filtering for room dereverberation. Hong Wang ~Res. Dept., PictureTel Corp., 100
Minuteman Rd., Andover, MA 01810!

Room dereverberation is difficult because the impulse responses are long, nonminimum phase and change significantly with time
and source/receiver positions. The problem was approached in two steps:~1! Explore the possibility of inverse filtering when a
training signal is available;~2! blindly estimate impulse responses from reverberant signals and then perform inverse filtering. It is
found that by dividing the signals into a large number of sub-bands, the impulse responses of many of the sub-bands become
invertible. The invertibility of each sub-band depends on the zero distribution of the full band impulse response. When multiple
microphones are used, full band dereverberation is achieved by selecting the best microphone in each sub-band and reconstructing the
full band signal from dereverberated sub-band signals. An almost perfectly recovered reverberant speech of RT50.85 s, when the
training signal is used, will be demonstrated. For the second step, reverberant signals from multiple sensors are divided into sub-
bands. In each sub-band, the ratio of impulse responses from two sensors is estimated by the least-mean-square estimation. Pad
approximation is used to estimate each individual impulse response. The sub-band signals are then inverse-filtered and combined to
form a full band dereverberated signal.

10:40

5aSPa8. Echo cancellation for multimedia applications.M. Mohan Sondhi ~Bell Labs, Lucent Technologies, 600 Mountain Ave.,
Murray Hill, NJ 07974!

In any attempt at creating natural audio-visual communication between two remote locations, acoustic echoes are generated due
to the coupling between the loudspeakers and microphones in each conference room. If ignored, these echoes can completely disrup
audio communication. Teleconferencing systems today use single-channel~monophonic! speech communication. In order to recreate
a natural ‘‘presence’’ in the remote location, multichannel~stereo! communication is desirable, and will no doubt be the preferred
future mode of teleconferencing between two spatially separated groups of participants. A third type of conference is a desktop
conference between several locations. In such applications the remote participants are displayed on a screen, and synthesized stere
may be used to simulate sound coming from the direction of each of them. The talk will discuss the characteristics of echoes in all
such situations, and the solutions currently available to deal with them. The solutions can also be useful for eliminating disturbances
other than echoes, e.g., the sound from a car’s stereo system picked up by the transmitter of a hands-free telephone.

Contributed Papers
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11:00

5aSPa9. Contribution of sound spatialization to audio-visual quality
in videoconferencing. N. Chateau ~France Telecom/CNET, 2, Ave
Pierre-Marzin, F-22307 Lannion, France!

Two experiments were conducted to evaluate the contribution of so
spatialization to audio-visual quality in videoconferencing. The first
periment aimed at measuring the threshold of perception of a spatial
match between a sound and a related image. Twenty-four subjects h
judge whether the sound of videoconference samples emanated o
from the same direction in the horizontal plane as the related image.
actual spatial discrepancies ranged from 0 to 25 by 5° steps and the s
had three distinct bandwidths~300–3400, 100–7000, 100–15 000 Hz!. In
a second experiment, subjects had to judge the audio-visual quality o
same stimuli on a five-point categorical scale~ACR!. Results of the first
experiment indicate that the 75% threshold of perceived spatial mism
is reached between 5 and 10° and is independent of sound bandw
Results of the second experiment show that audio-visual quality is in
enced by sound bandwidth@F(2,46)5110.94, p,0.001], the angular
separation@F(5,115)548.64, p,0.001], and the interaction betwee
these two factors@F(10,230)510.55,p,0.001]. Combination of the re-
sults of the two experiments highlight that for a given bandwidth, p
ceived audio-visual quality is linearly dependent~Pearson’sr 2.0.84) of
perceived spatial audio-visual coherence.
1358 J. Acoust. Soc. Am., Vol. 105, No. 2, Pt. 2, February 1999
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11:20

5aSPa10. Multimedia database of musical instrument sounds
Bozena Kostek and Piotr Suchomski~Tech. Univ. of Gdansk, Sound Eng
Dept., Pl-80-952 Gdansk, Poland!

The presented study addresses the broad problem of automatic re
nition of musical instrument sounds. Many applications of the algorith
dealing with these tasks may be foreseen. Nowadays, with the r
growth of electronic libraries and databases such as those found on
Internet, the possible application may be to search a musical databas
the sounds of chosen instruments or for musical tunes. For the purpo
the experiments that deal with instrument sound recognition, a multim
database of musical instrument sounds was engineered. It encompa
basic information on musical instruments, including playing techniqu
description of parameters extracted from sound, images, sound sam
within the instrument musical scale, exemplary musical phrases playe
a given instrument, time- and frequency-domain representation of so
for the whole instrument musical scale, and tables containing the so
parameter values. The database makes it possible to create various
of charts and printed reports for all parameters, enables SQL-based
ries, and shows a collection of linked HTML pages. The engineered m
timedia database was used in musical instrument timbres and mu
phrases recognition experiments conducted by one of the authors, em
ing some computational intelligence methods as neural networks, fu
logic, and rough sets.
1358Joint Meeting: ASA/EAA/DEGA
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11:40

5aSPa11. Vibration characteristics of microphone membranes.
Holger Pastille ~Inst. f. Tech. Acoust., Tech. Univ. Berlin, Einsteinufe

25, D-10587 Berlin, Germany, hp@stones.com!

Using laser scanners, the vibration pictures of the condenser m

phone diaphragms were taken. In order to be monofrequent, the m

phone was in an impedance tube. Standard microphones were used

behavior of the vibrations can be well observed in the animated pictu

Besides the fundamental component, the nonlinear parts are also of sp

interest. Coherence between the sound-pressure level and the distort

the microphone cap is seen. Seen also is the motion of the diaph

itself. Results are shown for two studio microphones and a measu

microphone, each for three selected sound-pressure levels.
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12:00

5aSPa12. Development of a multiprocessor system„HUGO… for
acoustic applications. Jochen Kleber ~Inst. of Tech. Acoust., Univ. of
Aachen, Templergraben 55, 52056 Aachen, Germany
jkl@akustik.rwth-aachen.de!

For research in acoustics, audio signals must often be subjected to
complex processing. For listening tests, a real-time processing becom
desired in practice, in order to be able to switch between different situa
tions. A free programmable device was implemented with up to eigh
channels with analogous and digital inputs and outputs. On four DSP
with a computing power of in total 160 MIPS, applications can be imple
mented. During design of hardware and software, it was considered
highest audio quality. In future this device can be used for other interes
ing developments, such as multichannel front ends with an A/D dynamic
of 125 dB. In the paper, two applications will be presented more closely
crosstalk cancellation and binaural mixing console.
.
FRIDAY MORNING, 19 MARCH 1999 ROOM H111, 10:00 A.M. TO 12:20 P.M
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10:00

5aSPb1. Practical aspects of analyzing cyclostationary noise emitte
by real acoustic sources. Karel Vokurka ~Dept. of Phys., Tech. Univ. of
Liberec, Hálkova 6, CZ-461 17 Liberec, Czech Republi
karel.vokurka@vslib.cz!

In previous presentations@K. Vokurka, J. Acoust. Soc. Am.101,
3045~A! ~1997!; 103, 2819~A! ~1998!# it was shown that time-frequency
statistical characteristics of noise and vibration measured on reciproc
machinery yield information which can be conveniently used, e.g., in q
ity control or for diagnostic purposes. A basic assumption in develop
suitable signal processing algorithms was that the number of sampl
each period of cyclostationarity of the analyzed noise or vibration w
exactly the same. However, this assumption is only seldom fulfilled
real acoustic noise or vibration. Hence, a suitable preprocessing tech
must be applied to the measured signal. This technique may be e
signal resampling, or external control of a sampling interval using mult
tachopulses, frequency multipliers, etc. In the paper, advantages and
advantages of these techniques are discussed from the point of vie
different types of measured acoustic noise or vibration signals, their
sible phase modulations, and of the computed time-frequency statis
characteristics.@Work supported by the Grant Agency of the Czech R
public and by the European Commission.#

10:20

5aSPb2. Measurement of loudspeaker parameters by inverse
nonlinear control. W. Klippel ~Klippel GmbH, Aussiger Str. 3, 01277
Dresden, Germany, klippel-gmbh@t-online.de!

Nonlinear loudspeaker models have been developed to predict
explain the generation of nonlinear distortions in the reproduced soun
large amplitudes. These models require additional nonlinear param
such as the force factor, stiffness of the mechanical suspension, and v
coil inductance depending on the instantaneous excursion of the v
e
r

-
f

l

t
s
-

-

coil. These parameters have to be measured dynamically since stati
proaches have shown to produce inaccuracies in describing the dyn
behavior of the loudspeaker due to hystereses and creep effects. The
tification of the optimal model parameters can be accomplished by u
an adaptive nonlinear system provided with the known input signal and
output signal measured on the speaker. An inverse nonlinear identifica
by using a nonlinear controller connected to the loudspeaker input
advantages over direct loudspeaker modeling in respect to robustness
vergence speed, and stability. Results of practical loudspeaker mea
ment are presented and discussed in respect to quality assessment o
speakers in the large-signal domain.

10:40

5aSPb3. Automatic classification of wideband acoustic signals.Alain
Dufaux, Laurent Besacier, Michael Ansorge, and Fausto Pellandini~Inst.
of Microtechnol., Univ. of Neuchtel, Rue A.-L. Breguet 2, CH-200
Neuchtel, Switzerland!

Until now, very few contributions were published in the field of wid
band acoustic signal recognition, especially for handling impulsive no
signals such as glass breaking, detonations, or door slams, as encou
in security applications, where the signals are highly nonstationary
composed of higher frequency components. This paper shows how
audio alarm recognition problem can efficiently be tackled using eit
pattern recognition methods relying on Bayes classifiers, or on artifi
neural networks~ANN!. After extraction of filterbank coefficients in the
acoustic analysis module, typical feature vectors are achieved from
concatenation ofk consecutive signal frames, in order to exploit dynam
temporal information. The redundancy induced by this dynamic mode
requires a reduction of the feature space dimension, performed wi
conventional principal component analysis. The performance of both
tems is evaluated experimentally~7000 tests! for the classification of three
types of noise events~glass breaking, door slams, and stationary noise!.
The score of correct classification reaches 99% for the statistical appro
1359Joint Meeting: ASA/EAA/DEGA



not
anc
sio

am

rom
na-
is-
he
ain

ter’s
the

er a
ack
et-
m-
This
f the
ion
—a
ce-

ain

is
is to
atia

used
rage
ow
tha

ithin
este

n

lu-
al
ts

l-
b-

an
d-
su-
is
na
ed
e-
n.
ve
ck-
of
be

the
nts

rom
ases

,

a-
ent

to
cy
ing

ral
ing
us
and 98% for the ANN-based system. It is further noticed that errors do
occur on the same signal files for both methods. Thus robustness enh
ment can be reasonably expected, when using hybrid methods or fu
strategies.

11:00

5aSPb4. Algorithms for modeling nonlinear geometric distortion of
vinyl records. Robert Henke and Eva Wilk~Hochschule fuer Film und
Fernsehen, Studiengang Ton, Karl-Marx-Str. 33-34, D-14482 Potsd
Germany!

Classical vinyl records have a characteristic sound that is distinct f
an ideal digital system and is often described as warm, mellow, or ‘‘a
log.’’ Responsible for this sound is the sum of linear and nonlinear d
tortions which occur during recording and playback of the record. T
distortions are due to mechanical and electrical nonlinearities. One m
source of nonlinear distortion lies in the discrepancy between the cut
shape and that of the playback stylus: The cutter is a sharp tool while
playback stylus has a ball-like shape to distribute the tracking force ov
wider area. This leads to a slightly different movement of the playb
stylus in comparison to the recorded groove, yielding so-called ‘‘geom
ric distortions.’’ The mechanical, i.e., geometrical nature of this pheno
enon, makes it possible to find accurate mathematical descriptions.
approach was used to develop a model for the real-time simulation o
typical sound of a vinyl record. The developed tool allows the simulat
of the ‘‘vinyl sound’’ and can basically be used to create—and control
wide range of nonlinear distortion which can vary from a slight enhan
ment of a given signal to new effects of sound design.

11:20

5aSPb5. Ultrasonic reflection tomography: Signal processing and
resolution. P. Lasaygues, J. P. Lefebvre, and S. Mensah~CNRS-LMA
31, chemin Joseph Aiguier 13402 Marseille Cedex 20, France!

Medical imaging is, with nondestructive testing of materials, the m
application of ultrasonic reflection tomography~URT!. This method re-
sults from an inverse born approximation~IBA !. URT allows perturba-
tions ~theoretically small! of a reference medium to be visualized. One
then concerned with a Fourier synthesis problem and the first step
correctly cover the frequency space of the object by an adequate sp
and frequency scanning. In practice, the frequency bandwidth of the
ultrasonic pulses is limited by the transducers, leading to a poor cove
of the object’s spectrum and to a relatively poor resolution of images. L
and high frequencies are restored by a Papoulis deconvolution method
presents advantage not to modify the spectral content of the signal w
its frequency band. The resolution enhancement procedure was first t
on academic targets~wire!, and on test targets~square aluminum and
triangular PVC rods!, showing the possibility to obtain high-resolutio
1360 J. Acoust. Soc. Am., Vol. 105, No. 2, Pt. 2, February 1999
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images with low-frequency transducers. Finally, we compare the reso
tion given by a 250-kHz transducer to the one obtained, with a classic
technique, by a 2,5 MHz transducer. The overall dimension of test objec
is in that case less than the wavelength.

11:40

5aSPb6. Application of ultrasound reflection tomography for
nondestructive evaluation of objects with a complex geometry.
Rymantas J. Kazˇys, Liudas Mazˇeika, and Elena Jasiun̄ienė ~Ultrasound
Res. Ctr., Kaunas Univ. of Technol., Studentu¸ str. 50, LT-3031, Kaunas,
Lithuania, ulab@tef.ktu.lt!

In the case of solid objects with complex geometry, conventional u
trasound tomography techniques tend not to be efficient enough. The o
jective of the paper is the development and experimental verification of
ultrasound tomography approach suitable for objects with non-flat boun
aries. The reconstructed images in ultrasound reflection tomography u
ally are imperfect because of ultrasound wavefront curvature, which
significantly affected by wave refraction and mode conversion phenome
at the boundaries. In order to achieve better resolution of reconstruct
images in the ultrasound reflection tomography, the curvature of the wav
fronts has to be known and taken into account performing backprojectio
Ultrasonic wavefronts were reconstructed from measured ultrasonic wa
parameters. Obtained results were taken into account performing ba
projection in the ultrasound refection tomography. When the curvature
the wavefront is known, the shape and the size of the defects can
reconstructed with greater accuracy. In order to determine accuracy of
proposed method, computer simulations and experimental measureme
have been carried out and sources of possible errors were detected. F
the results presented it can be seen that the method proposed incre
accuracy of the ultrasonic reflection tomography.

12:00

5aSPb7. Low-pass filter for the DFT process and its application to
impulse response of sound-field and ultrasonic B-mode echo
simulator. Tjundewo Lawu and Mitsuhiro Ueda ~Dept. of Intl.
Development Eng., Tokyo Inst. of Technol., 2-12-1 O-okayama
Meguro-ku, Tokyo, 152-8552 Japan!

Convolution and correlation are closely related operations that are b
sic to many areas of signal processing. To obtain the frequency compon
of the signals using discrete Fourier transform~DFT!, the continuous sig-
nals must first be sampled. A low-pass antialiasing filter which is simple
implement is proposed. The low-pass filter has equally good frequen
response characteristics and can be used to eliminate possible alias
effects by ensuring that the signal to be sampled is limited in the spect
content. The impulse response of the sound field was calculated by us
the proposed low-pass antialiasing filter and compared with the rigoro
solution to verify the realizability of the filter. The filter was also applied
to construct the ultrasonic B-mode image of a 3-D phantom model.
1360Joint Meeting: ASA/EAA/DEGA
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8:00

5aUWa1. Signal coherence and energy effects of propagating interna
solitary wave packets. Timothy F. Duda and James C. Preisig~Appl.
Ocean Phys. and Eng. Dept., MS 11, Woods Hole Oceanogr. Inst., W
Hole, MA 02543!

Order-400 Hz sound propagated through continental-shelf inte
solitary wave packets is shown by simulation to fluctuate strongly
mode coupling. The coupling is controlled by the modal input conditio
wave and packet dimensions, and the ambient sound-speed profile. I
case of a moving packet, relative modal phase changes dominate ov
others, changing the coupling and controlling signal fluctuations.
phasing within the packet varies over minutes in a moving packet, cau
fluctuations with comparable time scales. The directionality of energy
between high-order acoustic modes and~less attenuated! low-order modes
determines a gain factor for distantly detected signals. A significant fi
ing is that a packet near a source will amplify low-order modes if
source favors high-order modes, giving amplification at distant ran
Conversely, a packet far from a source can energize otherwise quiet h
modes. Intermittency in the coupling means that signal energy fluctuat
and modal diversity fluctuations at a distant receiver are complemen
with energy fluctuations suggesting a source-region packet and mode
tuations suggesting a receiver-region packet. In addition to the monoc
matic results described above, the effects on pulses~broadband signals!
will be compared with experimental observations.@Work supported by
ONR Ocean Acoustics.#

8:20

5aUWa2. The two domains in envelope spectrum of ocean ambien
noise. A. V. Furduev ~Andreev Acoustics Inst., ul. Shvernika 4
Moscow, 117036 Russia!

Analyzing level fluctuations of the natural ambient underwater no
shows that the spectrum of the envelope usually consists of two frequ
domains of different physical nature. The low-frequency domain is g
erned by variations in wind speed, that is, variations in surface densit
the source power. The high-frequency domain is related to rough-sur
sound scattering. The boundary between the domains correspond to
quencies of 0.05–0.1 Hz. Experiments have shown that both cr
frequency noise correlation and correlation between the noise and
speed fluctuations are high if only frequencies lower than 0.1 Hz
retained in the spectrum, these correlations being low for unfiltered no
Thus, if there is no ship-traffic noise, the frequency correlation coeffic
remains to be 0.6–0.8 within 0.1–10 kHz if the high-frequency domai
cut off and it is close to zero in disjoint filtering bands for unfiltered noi
The experimental data are discussed and interpreted with the use o
noise model allowing for space–time parameters of the wind speed.
1361 J. Acoust. Soc. Am., Vol. 105, No. 2, Pt. 2, February 1999
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8:40

5aUWa3. Sensitivity analysis of the acoustic field in shallow water to
environmental parameters. Lianghao Guo and Zaixiao Gong~Natl.
Lab of Acoust., Inst. of Acoust., Chinese Acad. of Sci., Beijing 1000
PROC!

Environmental parameters, such as sound-speed profile and b
structure, have very important effects on the acoustic propagation in
low water. In this paper, some detailed simulations are presented
typical shallow water with a thermocline. The simulated properties inc
the coherent and incoherent transmission loss, averaged energy loss
velocity, phase of the acoustic field, and the multipath arrival struc
The concerned environmental parameters include surface speed,
mocline depth and thickness, water depth, bottom structure, and its
coustic parameters. The results show that the coherent transmissio
and the phase of the acoustic field are sensitive to the environm
parameters, while the other properties are relatively stable. Theor
explanations of these results are also given. Both the sensibility an
relative stability can be utilized. Through reasonable cost function de
the former can be used to invert the geoacoustic parameters of the b
while the latter can be used to localize distant targets. Finally, the g
coustic parameter inversion for a complicated bottom is given by usin
real data from a vertical line array. With the obtained bottom parame
experimental transmission loss is well explained.

9:00

5aUWa4. Role of acoustics in oceanographic monitoring of the Arctic
ocean. Konstantin D. Sabinin ~N. N. Andreyev Acoust. Inst., 4 Shvern
St., Moscow, 117036, Russia!

Acoustic soundings of the Arctic ocean~AO! along some tracks in
crucial regions of the ocean can provide satisfactory information for
monitoring of the most important oceanographic features of the AO
ters, namely, the heat content of the Atlantic water layer in the AO and
upper ocean salinity. Optimal location of the acoustic tracks for mon
ing of the heat content space-time variability is discussed. It is shown
the remote sensing of the upper ocean salinity by acoustic tomogr
~acoustic halinometry! is quite possible since changes in the sound sp
in the upper AO are due to changes in salinity, while temperature he
nearly always close to the freezing point. The results of the acoustic
nometry numerical modeling are demonstrated using oceanographic
obtained in the Amundsen Basin of the AO. The effect of a combinatio
different in situ and remote sensing measurements for monitoring of
salinity flux through the Bering Strait is discussed.@Work supported by
RFFR and CRDF.#
1361Joint Meeting: ASA/EAA/DEGA
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9:20

5aUWa5. On the adiabaticity of acoustic propagation through
nongradual ocean structures. E. C. Shang, Y. Y. Wang~CIRES, Univ.
of Colorado/NOAA/ETL, Boulder, CO 80303!, and T. F. Gao ~Inst. of
Acoust., Academia Sinica, Beijing, PROC!

The adiabaticity of acoustic propagation is attractive for acoustic fi
description, data interpretation, and inverse scheme consideration.
well known that, in general, the adiabaticity can be held forgradual me-
dium, and the criteria of adiabaticity have been given by Milder~1969!,
Brekhovskikh ~1973!, and Brekhovskikh and Lysanov~1982!, respec-
tively. In this paper, the adiabaticity of acoustic propagation through n
gradual ocean structures is investigated both theoretically and numeric
Here, the term nongradual means that the scale of the ocean structureM is
smaller than the modal interference distanceDmn between mode ‘‘m’’ and
mode ‘‘n. ’’ Two examples of the nongradual ocean structures are
cussed:~1! polar frontal zone with a width of about 2 km, and~2! internal
solitons in shallow water with a width about 0.8 km. Comments on
criteria given by Milder and Brekhovskikh will be addressed.@Work sup-
ported by ONR and NOAA.#

9:40

5aUWa6. Wave propagation in the ocean with fine structure
stratification. Remir F. Shvachko ~N. N. Andreyev Acoust. Inst.,
117036 Moscow, Russia, bvp@asu.acoins.msk.su!

The highly anisotropic fine-structure inhomogeneities may be in
preted as being irregular~stochastic! in depth and regular~deterministic!
in horizontal coordinate. These properties lead to the Bragg sound sc
ing, and hence to sound penetration into the shadow zones, prereve
tion, and stochastic channeling. In other words, due to various effec
sound reradiation by the inhomogeneities, the sound penetrates into~spa-
tial, temporal, angular! domains that are forbidden by the geometric
acoustics. Sound fields in the shadow zones carry information on
ocean fine structure stratification and thereby may be used in tomogr
experiments. The phenomenon of insonifying the shadow zone ov
10-m-thick microchannel was confirmed experimentally at a frequenc
several kHz, up to distances of about 25 km. Because any converg
zone gives rise to volume-scattered signals that penetrate into the
shadow zone, the second-zone signal may have the same order of m
tude as the multiply bottom-reflected ones, the volume-scattered sig
predominating within the third zone. The developed models for the le
ages caused by the subsurface and fine-structure channels and by
structure scattering agree well with the experimental data obtained in
ferent ocean regions.

10:00–10:20 Break

10:20

5aUWa7. Coupling to SH as a loss mechanism in shallow-wate
acoustic propagation. Darin J. Soukup ~Geophys. Prog., Box 351650
Univ. of Washington, Seattle, WA 98195!, Robert I. Odom ~Univ. of
Washington, Seattle, WA 98105!, and Jeffrey Park ~Yale Univ., New
Haven, CT 06520-8109!

Since horizontally polarized shear waves (SH) are polarized normal to
the propagation and polarization direction of a bottom interacting shall
water acoustic signal, they are generally not considered as a loss m
nism. However, most marine sediments are anisotropic to some degr
a result of the bedding process with a symmetry axis normal to the
ding planes. Particle motions of compressional (P), vertically polarized
shear waves (SV), andSH waves are no longer independent. Dispersi
calculations show that the quasi-P-SV and quasi-SH mode branches at-
tract and repel as the symmetry axis is rotated. For certain ranges o
symmetry axis angle, the phase velocities of the quasi-P-SVand quasi-SH
approach each other. Coupled-mode computations have been perfo
which indicate that energy can be efficiently redistributed among mo
with both P-SV and SH components in the bottom. The coupling is in
duced by range dependence in the waveguide, and energy is distrib
1362 J. Acoust. Soc. Am., Vol. 105, No. 2, Pt. 2, February 1999
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among all propagating modes. This is in contrast to propagation in TI an
isotropic bottoms for which the range-dependent mode coupling is mor
strongly nearest neighbor. Loss to the quasi-SH should be considered
when modeling propagation in shallow water with an anisotropic bottom
@Work supported by ONR.#

10:40

5aUWa8. An energy-conserving one-way coupled mode propagation
model. Ahmad T. Abawi ~SPAWAR Systems Ctr., San Diego, CA
92130-5001, abawi@spawar.navy.mil!

The equations of motion are used to derive a coupled mode model fo
wave propagation in a range-dependent waveguide. Traditionally in ocea
acoustics the wave equation has been used to derive these equations. T
use of the equations of motion has three major advantages over the use
the wave equation:~1! It results in coupled mode equations that are first
order, ~2! the resulting coupling coefficients are anti-Hermitian, which
guarantees energy conservation, and~3! simple expressions can be derived
for the coupling coefficients in terms of local modes and their vertical
derivatives. In contrast, the coupled mode equations derived from th
wave equation are second order. Also, simple expressions for the couplin
coefficients are hard to obtain because they involve second derivatives
the modes with respect to range. This model is applied to the ASA bench
mark problem@J. Acoust. Soc. Am.87, 1499–1510~1990!#. The results
show excellent agreement with those obtained from other well-known
range-dependent models.

11:00

5aUWa9. Numerical simulation of time domain ocean acoustic
propagation. Cedric Boisson and Joel Piraux~CNRS-LMA, 31 chemin
Joseph Aiguier, F-13009 Marseille, France,
boisson@alphalma.cnrs-mrs.fr!

The time domain parabolic equation is studied for ocean acoustic long
range propagation, including wide-angle propagation, without involving
Fourier synthesis. Instead of solving the wave equation with boundar
conditions in the whole ocean domain, the governing equations are writte
in a moving coordinate system. Since the studied frame is moving with
acoustic perturbations, dependent variables evolve more gradually, whic
increases time integration accuracy. The number of space points and th
CPU time are greatly reduced because the pulse occupies a narrow ran
window. Numerical tests were made to study first the headwave problem
by handling discontinuities of sound speed and density at a layer interfac
Media with continuously variable celerity profile were also studied: there
was a particular interest in studying wave propagation in media with mul
tiple deep sound channels. Results were compared with those worked o
with other codes based on Bessel–Fourier analysis~SPARC developed by
M. B. Porter!, requiring much CPU time. An excellent agreement was
observed. The originality of the interactive program developed is to dis
play a movie of wave propagation. It is an efficient tool to solve the direct
problem and consider the inverse problem.

11:20

5aUWa10. Energy-conserving and reciprocal solutions for higher-
order parabolic equations. Dmitry Yu. Mikhin ~P. P. Shirshov
Oceanology Inst. of the Russian Acad. of Sci., Nakhimovskii prospect, 36
Moscow 117218, Russia, dmitry@rav.sio.rssi.ru!

Conservation of sound energy in nonabsorbing media and acoustic
reciprocity in stationary fluids at rest are the fundamental properties of th
acoustic field. Preserving these properties in parabolic approximations
essential for accurate modeling of sound propagation in shallow-wate
environments. Recently Godin proposed a family of wide-angle parabolic
equations~PE’s! for motionless fluid which are energy conserving, recip-
rocal, and allow improved description of mode coupling without adversely
affecting phase accuracy. For moving media, a generalized Claerbout P
was also derived. Its solutions preserve the acoustic energy in the absen
of dissipation and satisfy the flow-reversal theorem~FRT!, which is an
extension of reciprocity principle to moving media. The report presents a
1362Joint Meeting: ASA/EAA/DEGA
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numerical scheme for solving the proposed PE’s. The algorithm prese
the conservational properties of the original~pseudo-!differential equa-
tions. Implicit finite-difference solutions satisfy discrete analogs of
energy conservation law and FRT. The developed computer model is
plied to simulate acoustic tomography of oceanic currents. Inversion
lows the method of matched nonreciprocity tomography. Flow reconst
tion in range-dependent coastal environments is analyzed under
presence of small-scale uncertainties in bottom topography.@Work sup-
ported by CRDF, INTAS, and RBRF.#

11:40

5aUWa11. Sound-propagation modeling with the enhanced ray
theory in four dimensions. Nikolay E. Maltsev ~MVM Intl., 370-2601
Ridelle Ave., Toronto, ON M6B 4B4, Canada!

Sound-propagation models, based on the ray theory, have existe
decades. Conceptional flaws in the standard ray theory, such as sing
ties on caustics and nonlinear boundary value problem for the rays,
necting source, and receiver, limit the scope of ray theory application
a recent report@N. E. Maltsev, Proc. of 16 ICA and 135 ASA Mtg.3,
1935–1936~1998!#, the new approach, or enhanced ray theory~ERT!, was
presented, free from the defects of the standard ray theory, menti
above. The 4D~three space dimensions plus time! ERT code was devel-
oped for the desktop computer. ERT code uses triangulation of the
environment by simplexes, for the approximation of the refraction coe
cients of the liquid and solid parts of the media, parametrization of r
and wave fronts in barycentric coordinates, inside these simplexes, d
ential equations for eigenrays, and differential equations for wave fro
Examples of ERT model predictions in the 3D environment for sing
frequency and impulse sources, and comparisons with SAFARI code
benchmark problems are presented.
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12:00

5aUWa12. On the adiabatic normal modes in the 3-D inhomogeneous
waveguide. Oleg A. Godin ~School of Earth and Ocean Sci., Univ. of
Victoria, P.O. Box 3055, Victoria, BC V8W 3P6, Canada
ogodin@uvic.ca!

Several distinct formulations of the adiabatic approximation have be
proposed in the literature on modal propagation in the 3-D, rang
dependent waveguide. These formulations predict the same phase but
fer in the adiabatic mode amplitude and, hence, in their reciprocity a
energy-conserving properties. These formulations, including those due
L. M. Brekhovskikh and O. A. Godin@Acoustics of Layered Media. 2.

Point Sources and Bounded Beams~Springer-Verlag, Berlin, 1992!, p.
253# and M. B. Porter@J. Acoust. Soc. Am.96, 1918–1921~1994!#, are
compared with respect to their accuracy and domain of validity assum
small and smooth variation of mode propagation constants characteri
of underwater acoustic waveguides. Perturbation theory for horizon
~modal! rays and dynamic ray tracing are used in the analysis. A ne
approximate expression for the adiabatic mode amplitude in 3-D proble
is derived that requires environmental information only along source
receiver radial and possess higher accuracy than previous formulatio
The domain of validity of the result is determined in terms of horizonta
gradients of environmental parameters. Mode phase corrections due
horizontal ray curvature are evaluated. Implications on applicability of th
uncoupled azimuth approximation for sound propagation modeling in
horizontally inhomogeneous ocean are discussed.@Work supported by
NSERC.#
Contributed Posters

These posters will be on display in the Poster Gallery from Thursday to Friday, 18–19 March. Authors will be at their posters from
2:00 p.m. to 4:00 p.m. on Friday, 19 March.
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5aUWa13. Internal wave imprint in the oceanic ambient noise.
Alexandr V. Furduev and Andrey N. Serebryany~N. N. Andreyev
Acoust. Inst., 117036 Moscow, Russia, bvp@asu.acoins.msk.su!

Investigations of dependencies between the characteristics of am
noise field and different types of hydrophysical inhomogeneities in
ocean had revealed the possibility of realization of passive acoustic
mography methods~without transmitting signal and only on the basis of
noise field!. Internal gravity waves are one of such inhomogeneities. T
are manifested in the ambient noise field by modulation of noise level
to variation of sound-speed profile and by noise of ‘‘suloy’’ created on
sea surface by intense internal waves. The results of complex field ex
ments on synchronous measurements of internal waves and ambient n
are presented and analyzed. The observations were carried out ne
Mascarene Ridge in the Indian Ocean, the region of generation of la
amplitude internal waves. The interrelation between fluctuations of n
field ~received by vertical array of hydrophones! and vertical displace-
ments of thermocline caused by internal waves had confirmed the p
bility of practical realization of the acoustical system for internal wa
observation. It was shown that amplitudes, periods, number of modes
directions of internal wave propagation can be determined on the bas
measuring of noise fluctuations.@Work supported by Russian Foundatio
for Basic Research.#
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5aUWa14. Ocean monitoring by using underwater sound channel as a
feedback loop. A. V. Furduev ~Andreev Acoustics Inst., ul. Shvernika
4, Moscow, 117036 Russia!

A method is proposed to monitor variability of the medium paramet
on an acoustic path. The method has been tested for temperature
current monitoring in the Black Sea. The technique is based on the re
erative scheme with a positive feedback. A specific feature of the me
is that the medium to be studied forms a part of the measuring instrum
this approach leading to self-matching to a frequency of the interfere
maximum and thereby requiring lower acoustic power than that in ot
methods. The measurements have confirmed an accuracy of 1 sm
current monitoring. Two modes of monitoring have been tested:~1! a
self-excitation mode when information on the variability is carried by t
frequency, the spectrum of frequency deviations characterizing the ph
cal nature of the variability;~2! a regeneration mode when the receive
ambient noise is reradiated from a distant point, this mode yielding hig
contrast of the interference spectrum and allowing the delays between
to be estimated, the interference variability characterizing processes o
path. The proposed method is promising for short paths, harbors,
straits to monitor heat- and mass-exchange processes, fish migrations
traffic, or ice drift.
1363Joint Meeting: ASA/EAA/DEGA
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8:40

5aUWb1. First results from an acoustic-communication transmission
model using 3D Gaussian beams and quadrature detection.Paul A.
Baxley, Homer Bucker, and Joseph Rice~Space and Naval Warfare
Systems Ctr., San Diego, Acoust. Branch, Code D881, San Diego,
92152-5001!

Analysis of shallow-water, acoustic-communication channels must
count for the joint phenomena of multipath spread and Doppler sprea
physics-based, numerical propagation model is being developed to re
duce these effects via the combined use of three-dimensional Gau
beams and quadrature detection for finite-duration tones. Closely sp
microbeams are traced in three spatial dimensions to properly incorp
out-of-plane boundary effects from rough boundaries and a sloping
floor. Refraction, absorption, reflection, scattering, and Doppler-shifts
fluence the individual beams according to our best understanding of t
physical processes. At an arbitrarily located quadrature-detector rece
signal contributions are accumulated with coherent treatment of the tra
time, phase, and Doppler shifts associated with each microbeam.
approach supports the analysis of the spatio-temporal dispersion as
ated with the significant multipath arrivals. Fluctuation and coherence
tistics may be analyzed via the specification of source/receiver motio
time-varying boundaries. Simulations of the quadrature response for m
sured shallow-water channels (,200 m! near San Diego, California will
be presented. For these first case studies, sea-surface roughness
glected, but scattering from a rough bottom is considered and Dop
spread is assumed to arise solely from source/receiver motion.@Work
supported by the SPAWARSYSCEN San Diego Independent Rese
Program.#

9:00

5aUWb2. Examination of time-reversal acoustics and applications to
underwater communications. Antonio A. M. Abrantes, Kevin B.
Smith, and Andres Larraza~Dept. of Phys., Naval Postgrad. Schoo
Monterey, CA 93943, kevin@physics.nps.navy.mil!

Recent experimental work@Roux et al., Appl. Phys. Lett.70, 1811–
1813 ~1997!; Kupermanet al., J. Acoust. Soc. Am.103, 25–40~1998!#
has shown that the novel technique of time-reversal acoustics~TRA! can
be applied in shallow-water environments to focus energy back at a so
location from a transmitted signal received at a distant receiver array.
refocusing produces a local intensification of the field as well as a con
gence of the signal in time. These two aspects of TRA techniques sug
it may be a viable approach for use in underwater communication syst
Because TRA techniques rely on the reconvergence of multipath infor
tion into focused arrivals at the original source locations, the influenc
multipath spreading is removed. The energy transmitted is then enha
by the focusing, thereby increasing the SNR. Specifically of interest in
study will be an analysis of how well the signal can be refocused in typ
shallow-water environments and what type of data transfer rates ca
achieved using TRA on realistic systems.@Work supported by ONR.#
1364 J. Acoust. Soc. Am., Vol. 105, No. 2, Pt. 2, February 1999
-
n
d

-

e
,

i-

-

e-

t
.

d

9:20

5aUWb3. Characterization of the underwater channel for acoustic
communications. Gerard Loubet and Bernard Faure~Laboratoire des
Images et des Signaux, INPGrenoble, D. U., 38402 St. Martin d’He
Cedex, France, Gerard.Loubet@lis.inpg.fr!

In recent years, acoustic underwater~AUW! communications have
known a huge increase in research and development due to the gro
needs of wireless transmission systems. While mobile radio channel
well within the model of Rayleigh fading, this model is often used for th
design of communication systems. However, many experimentations
ried out by our laboratory~LIS ex CEPHAG! with the French Navy or
within European Community MAST projects~LORACOM and PARA-
COM! have shown that this model do not fit for AUW transmissions. Th
AUW channel is well modeled, using ray tracing, by great determinis
propagation paths~macro-multipath! associated with random fluctuations
~micro-multipaths!. Experimental results will be presented. The slo
variations of the deterministic part may be due to internal waves, the lit
fast variations of the received energy by appearance or disappearan
micro-paths. A random channel modeling developed for LORACO
project ~Contract No. MAS2-CTG4-0080! agrees with this behavior. Dif-
ferent AUW medium characterizations depending on the channel ge
etry ~shallow or deep water communications!, on the frequencies~between
1 and 10 kHz!, and on the range~1 to 100 km! will be discussed. Spatial
coherence results will also be presented.

9:40

5aUWb4. Telesonar channel estimation and adaptation.Joseph Rice,
Richard Shockley ~Space and Naval Warfare Systems Ctr., San Dieg
CA!, Dale Green ~Datasonics, Inc., Cataumet, MA!, John Proakis, and
Milica Stojanovic ~Northeastern Univ., Boston, MA!

Sound is the best form of energy for broadcasting communicat
signals in the ocean. However, the physical channel is impaired by n
white noise, frequency-selective absorption, a refractive medium, a s
ing seafloor, a dynamic sea-surface, and scattering at the boundaries.
poral variability of these influences and motion of the link termina
introduce fluctuations in the received signal and noise fields. Th
oceanographic and geometric factors produce measurable effects on
derwater acoustic communication systems. The relevant direct meas
of these channel effects include multipath spreading, Doppler shifts
spreading, coherence time, and noise statistics. Measuring and unders
ing these effects support optimization of both modulation and demodu
tion parameters. Such channel adaptation strategies enhance quali
service for the communication link. Theory, simulation, and ocean expe
ment illustrate link improvements.@Work funded by ONR 32, the SSC-SD
Independent Research Program, and the Navy SBIR Program.#
1364Joint Meeting: ASA/EAA/DEGA
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10:00

5aUWb5. Channel characterization using FSK wave forms. Vincent
K. McDonald, Jr., Joseph Rice~SPAWARSYSCEN, San Diego, CA
92152!, and Dale Green~Datasonic, Inc., Cataumet, MA 02534!

Automatic characterization of underwater acoustic communica
channels can support connectivity over a wide range of operational o
environments. With quantitative measures of the prevailing channel, a
tive modems may optimize the modulation and initialize the demodula
equalizer. A novel channel-estimation technique involving noncohe
processing of received FSK wave forms has been described recent
Green and Rice~Proc. IEEE Oceans’98! and Rice and Green~Proc. MTS
Ocean Community Conference, 1998!. This technique uses received han
shake signals to measure temporal and spectral spreading and sign
cess directly, and to estimate coherence parameters. This effort will f
on applying this channel-estimation technique to received and aut
mously recorded 8–13 kHz MFSK signals using shallow horizontal ch
nels.@Work supported by ONR 32 and SPAWARSYSCEN.#

10:20–10:40 Break

10:40

5aUWb6. Improved reliability and data rates for AUV acoustic
communications. Daniel Kilfoyle ~MIT, Woods Hole Oceanograph
Inst., Joint Prog. in Oceanograph. Eng., Dept. of Elec. Eng.,
Sippewissett Rd., Falmouth, MA 02540, dkilfoyle@whoi.edu!

The availability of parallel channels in a point-to-point communicati
system may be exploited to increase data rate and reliability, with
additional power, beyond that possible with a single channel. The se
power and bandwidth constraints imposed on an autonomous under
vehicle acoustic telemetry link motivate the use of spatial modula
techniques to achieve these benefits, particularly for missions requ
real time sensor data transmission. Theoretical performance improvem
for coherent modulation schemes yielding the equivalent of 6 dB
greater signal-to-noise ratio gain are shown. Experimental results from
underwater range near the Bahama Islands are given. Inclusion of a
est horizontal line array on the vehicle and a remote transceiver on
surface are the sole additional requirements beyond a conventional te
etry system.

11:00

5aUWb7. Statistics-governed channel simulation. Dale Green
~Datasonics, Inc., Cataumet, MA 02534! and Joseph Rice~SPAWAR,
San Diego, CA!

A numerical channel simulator suitable for real-time, laboratory te
ing of undersea acoustic communication systems and governed by s
fied statistics for signal dispersion, coherence, and noise is presented
work is motivated by a desire to understand the important paramete
nonstationary underwater acoustic channels and to explore the corres
ing quality of service achievable within the constraints of those chan
parameters. The simulator implements temporal variation~i.e., time coher-
ence of both signals and interference! in either of two essentially equiva
lent ways: either as a Markov process, according to user-specified d
relation time, or as realizations of spectral spreading. The quadra
response and underlying channel characteristics obtained from a phy
based model initiate and statistically govern the simulator. An impor
extension to the initializing statistics is inclusion of spectral spreading
individual macropaths, rather than the relatively gross spectral sprea
formerly employed. Last, the simulator superposes recorded or simu
nonwhite, nonstationary channel noise, including co-channel netw
MAI ~multiple-access interference! and jammers. Note that the interfac
between the physics-based model and the statistics-based real-time
lator is natural and well-defined. Thus any appropriate physics-ba
1365 J. Acoust. Soc. Am., Vol. 105, No. 2, Pt. 2, February 1999
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model or measured ocean channel statistics may be used to initialize
real-time simulator.@Work supported by ONR 32, the SSC-SD Indepe
dent Research Program, and the Navy SBIR Program.#

11:20

5aUWb8. Information theoretic/chaotic sonar signal processing.
Azizul H. Quazi and Richard A. Katz ~Naval Undersea Warfare Ctr.
Signal and Information Processing, Code 3124, 1176 Howell St., Newp
RI 02841, quaziah@npt.nuwc.navy.mil!

Dynamical systems generate complex signals. Very often, traditio
sonar signal processing in both the time domain and frequency domain
not adequate enough to characterize the complex dynamics of underw
sources that generate, radiate and/or reflect sonar signals. Recent adv
in signal processing are aimed at capitalizing on the inherent complex
in a signal structure by applying information theoretic/chaotic process
analysis tools to reveal signal dynamics, otherwise unseen when tr
tional ~linear! signal processing methods are applied. Here examples
presented of periodicities~i.e., limit cycles!, quasi-periodicites~2-torus
and n-torus motion! and nonperiodic~chaotic! motion as applied to
signals-of-interest in underwater acoustic applications. It is demonstr
how nonlinear diagnostic tools, when appropriately applied to underw
acoustic time series measurements, can be used for extracting new i
mation about system dynamics.

11:40

5aUWb9. Colored-noise performance of the order-truncate-average-
ratio „OTAR … filter. Jeffrey H. Shapiro ~MIT, 77 Massachusetts Ave.,
Cambridge, MA 02139-4307, jhs@mitrlevm.mit.edu! and Thomas J.
Green, Jr. ~MIT, Lincoln Lab., Lexington, MA 02420-9185!

Spectrogram background normalization for narrow-band pass
acoustic detection systems has a long history. This presentation addr
a more complicated scenario in which broadband background whitenin
still desired, with simultaneous preservation of intermediate-bandwi
spectral features and suppression of narrow-band interference. Toward
end, a nonlinear processor—the order-truncate-average-ratio~OTAR!
spectral filter—is presented and analyzed. While much is known ab
order statistics, closed-form expressions for the mean and covarianc
the output of this filter appear to be unattainable. However, for wh
Gaussian noise-input time-series with no spectral averaging~conditionally
exponential spectral statistics!, approximate expressions for the outpu
mean and covariance have been derived. Moreover, for scenarios em
ing spectral averaging on colored Gaussian noise-input time-series,
pressions for the output mean have been derived. All of these analy
results agree well with simulation of the OTAR filter. The analysis h
been applied to evaluate an appropriate transfer function for the filter
to illustrate a number of other interesting properties.@Work supported by
SPAWAR, under Air Force Contract F19628-95-C-0002.#

12:00

5aUWb10. Maximum a posterioriprobability background estimation.
Thomas J. Green, Jr., William H. Payne, Jr., Vivian E. Titus, and Eric
Van Allen ~MIT Lincoln Lab., 244 Wood St., Lexington, MA
02420-9185, tjgreen@LL.mit.edu!

Signal detection in acoustic data is complicated by a structured, n
uniform background that obscures signal characteristics. Conseque
efforts to estimate and whiten the background can yield significant
provements in downstream performance. In fact, the structure of
Neyman–Pearson optimal signal detector includes an explicit backgro
whitening step. Linear estimators suffer from the difficulty of distinguis
ing between signal and background in the region of interest. Conseque
signal contamination can cause substantial errors in background estim
that reduce signal detectibility via subsequent algorithms and analysi
nonlinear estimator has been developed that exploits models of both
measured data and the presumed scene and maximuma posterioriprob-
1365Joint Meeting: ASA/EAA/DEGA
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a
with practical issues associated with algorithm initialization, simula
performance with both white and colored-noise inputs, and real data
amples. @Work supported by SPAWAR, under Air Force Contra
F19628-95-C-0002.#
Contributed Posters

These posters will be on display in the Poster Gallery from Thursday to Friday, 18–19 March. Authors will be at their posters from
2:00 p.m. to 4:00 p.m. on Friday, 19 March.
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5aUWb11. Identification of the radiating sources in underwater
acoustics. Bourennane Salah and Bendjama Ammar~URA CNRS 2053,
Quartier Grossetti 20250, Corte, France!

In the context of the narrow-band or wideband array processing p
lem, in this paper a robust algorithm is developed to improve the accu
of the estimation of the direction of arrival of the sources. It is well kno
that when the noise cross-spectral matrix is unknown, these estimates
be grossly inaccurate. The band noise spectral matrix, the classical
model, is used. By means of a linear operator and an iterative algor
for estimating the spatial correlation length, a new estimator for the di
tion of arrival of the sources is developed. The proposed algorithm
based upon a particular partition of the received signal vector which le
one to obtain an approximation of the noise subspace matrix with
eigendecomposition. Then using both a propagation operator and
eigenvector algorithm to estimate the projection matrix, a new robus
gorithm is developed for the source characterization problem in the p
ence of noise with an unknown cross-spectral matrix. It will be shown
the performance of bearing estimation algorithms improves substant
when this robust algorithm is used. Experimental data results are pres
for the band noise spectral matrix.
y
e
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5aUWb12. Three-dimensional auditory display of passive sonar data.
Suzanne Richardson~Schlumberger, 8311 North FM 620 Rd., Austin, T
78726, srichard@austin.apc.slb.com! and Charles Loeffler ~Univ. of
Texas, Austin, TX 78758!

Submarine sonar operators typically use visual and monaural a
outputs to locate obstacles, ships, and animals in the surrounding o
Recently, the effectiveness of using 3-D, rather than monaural, sona
dio outputs was investigated. A multi-channel signal processing sys
has been developed that converts sonar signals collected by element
hydrophone array into binaural signals for the left and right ears, wh
provide accurate 3-D aural imaging of an underwater acoustical envi
ment. An operator who listens to the binaural signals via stereo he
phones will perceive that he is immersed in the underwater acous
environment. The system incorporates two banks of FIR filters~one for the
left ear and one for the right ear! to process the sonar data. The FIR filte
simultaneously beamform the hydrophone data and filter the data
head-related transfer functions in order to create binaural signals that
vide 3-D sound.@Work supported by Applied Research Laboratories:
T. Internal Research and Development.#
.
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FRIDAY AFTERNOON, 19 MARCH 1999 POSTER GALLERY, 12:00 TO 6:20 P.M

Posters from various technical sessions remain on display in the Poster Gallery.
Posters from sessions which contain both lecture and poster presentations will be attended by the authors as listed below.

2:00–4:00
5aNSa8 Bruyninckx, Willy Measurement methodology for sound power levels of industrial noise sources
5aPAc11 Rath, M. Inline process monitoring of thermosets by ultrasonic measurements in a compression mould
5aPAc12 Flannery, C. M. Accurate noncontact measurement of elastic properties of ceramics using acoustic microscopy

ultrasonics
5aPAc13 Kalinchuk, Valery V. Some dynamic properties of non-homogeneous thermoelastic pre-stressed media
5aPAc14 Kalinchuk, Valery V. On the investigation of the stressed state of the elastic and piezoelectric bodies
5aUWa13 Furduev, Alexandr Internal wave imprint in the oceanic ambient noise
5aUWa14 Furduev, A. V. Ocean monitoring by using underwater sound channel as a feedback loop
5aUWb11 Salah, Bourennane Identification of the radiating sources in underwater acoustics
5aUWb12 Richardson, Suzanne 3-D auditory display of passive sonar data

Also, the following poster sessions are scheduled:
Poster Session 5pPPb
Poster Session 5pSCa
Poster Session 5pSCb
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